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Abstract
In any system, whether wireless or wireline, there are signalling procedures that might be repeated 
each time the subscriber wants to connect to the network. In particular, inside those procedures 
the contents of one or more messages might be repeated each time the procedure is run. An 
example of repeated information is signalling or data channel configuration. Such information 
might be large in size, in which case any storage method that avoids sending this repeated 
information would reduce procedure processing and setup delays. The gain becomes more 
relevant when the signalling procedure is run over the air interface.
In this thesis a novel generic storage method is proposed which results in a significant reduction 
in signalling messages exchanged between a user’s equipment and network over the air interface. 
Besides acting as a limit to achievable spectral efficiency the signalling overhead is a limit to 
energy efficiency and can cause delay in a session setup. The problem will become more 
important as the trend moves towards smaller and smaller cells in support of huge mobile data 
traffic in 2020 in future mobile broadband internet due to mobility-related signalling.
As an example, in a call setup procedure the saving is achieved by splitting messages into two 
steps. The first step is during the first call where only a part of one or many messages in the 
procedure is stored. The second step is during the second call, where the remaining parts of the 
messages that were stored in the first step are transmitted. Such a method not only stores part o f a 
signalling message but also, depending on the procedure used, the contents of a whole message. 
As a result, not only is the number of signalling messages that are exchanged reduced but also the 
receiver can start applying the contents of an already stored message in advance over the standard 
procedure. This is because the receiver does not have to wait anymore for a message to read its 
contents and take action, rather it reads the stored contents.
To demonstrate the effectiveness of this novel method, 3rd generation mobile standard, a UMTS 
(Universal Mobile Telecommunication System) call setup procedure is used and the new method 
is applied to it with a restriction that the new call setup procedure is still standard compliant. 
Results of the application of the new method to different UMTS procedures show significant 
gains in terms of size, duration and processing.
As the UMTS call setup is the main signalling procedure studied in this thesis, a novel method of, 
not using a storage algorithm, is proposed. It works as follows: with the standard methods part of 
the UMTS call setup is sent at 3.4 kbps and another part is sent at 13.6 kbps, whereas with the 
proposed method all messages are sent at 13.6 kbps. This is done by postponing the activation of
the radio channel configuration. The method is then applied to the UMTS emergency call where 
an A-GPS (Assisted Global Positioning System) is used to locate the UE (User Equipment). As a 
result the signalling delay is largely reduced.
Key words: Repeated information, storage method, reduction in number of signalling messages, 
UMTS, call setup, emergency call.
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Chapter 1. Introduction
Chapter 1
1 Introduction
In any system, whether wireless or wireline, minimizing the duration required to connect a 
subscriber to a system in order to perform any type of activity, e.g. connect to the internet or to 
speak with another subscriber, is beneficial. The length of that duration is critical in some 
scenarios e.g. during an emergency call setup. By reducing that duration, signalling and 
processing in the network are reduced. And in the case of a wireless system, reducing that 
duration on the air interface brings additional benefits to the ones already listed above e.g. less 
interference, less radio power transmission, less retransmission of erroneous packets. Further 
benefits would apply to other signalling procedures e.g. handover in case of a wireless system; in 
such a case reducing the duration of the handover procedure, would leave less chance for a UE to 
remain on an old cell, making it less likely to experience a call drop or a bad quality call.
The delay in such a connection, also called call setup, depends on different factors. One factor is 
the delay in processing each message of the call setup inside each piece of equipment. Such a 
delay depends on hardware and software implementation. Another factor is the delay on the 
interfaces between the equipment. Such interfaces could be of different types e.g. air interface or 
wired and of different distances e.g. it could be one fibre optical cable of a few meters or of a few 
kilometres. For example in [1], UMTS (Universal Mobile Telecommunication System) call setup 
delay is reduced by increasing the speed of the signalling message from 3.4 kbps to 13.6 kbps on 
the air interface. One other factor that also affects the call setup duration is the value of the tuning 
parameters. In fact in each system there might be some timers or/and parameters to set that affect 
the call setup duration e.g. the effect of RLC (Radio Link Control) [2] timers on satellite call setup 
duration in [3]. Yet another factor to mention in any wireless system, is the radio coverage, as bad 
radio coverage might trigger a retransmission of packets or messages which delays the duration of 
the signalling procedure to set up e.g. effect of timer T300 and parameter N300 to call setup 
duration in [4]. On top of that, the decrease in the amount of equipment involved in any call setup 
would reduce call setup duration e.g. the functionalities of two pieces of accessing equipment in 
UMTS have been combined into one piece of equipment in LTE (Long Term evolution) [5]. Also 
the status of the interface in between, e.g. congested or not, as well as the number of signalling 
messages involved in the signalling procedure contribute to such a delay, e.g. in [6] and for
1
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specific types of calls, which are delay sensitive, the number of signalling messages is reduced by 
combining different messages into one in order to decrease call setup duration. Note that also by 
caching the address of the target equipment, as described in [7], call setup delay is reduced. Yet 
another factor to reduce call setup duration is by storing repeated information of signalling 
messages in order to reduce later their size and hence reduce their duration.
In this thesis, only one system, the UMTS, is studied; however, the importance of this research 
work resides in the fact that all of the proposed methods, which are tested on UMTS, are generic 
and could apply to any other system whether wireless or wireline.
1.1 Motivation and Objective
UMTS call setup is composed of many signalling messages belonging to different protocols 
which are exchanged between different equipment on different types of interfaces. A summary of 
the role o f UMTS equipment and protocols is described in the Appendix of this thesis. In UMTS, 
during a call setup, whether triggered for speech or for an internet connection call, the UE (User 
Equipment) is configured with two channels: one for signalling and one for data. The signalling 
channel is used by the UE and the network to set up or release a call but also by the UE to report 
radio measurements and by the RNC (Radio Network Controller) to trigger a handover procedure. 
The data channel is used to carry user data e.g. speech or IP (Internet Protocol) [8] packets. It is 
the network, in particular the RNC that configures the UE with a signalling channel first then with 
a data channel. The signalling configuration is sent in an RRC (Radio Resource Control) [9] 
Connection Setup and the data channel configuration via another RRC message. Radio Bearer 
Setup. By looking at the contents of these two messages one notices that there are many 
parameters that are sent with the same values each time the call is set up e.g. pollwindow and 
timerRST as shown in Figure 1.1; whereas, there are other parameters in which values change 
with every call e.g. UL scrambling code.
U E /c lien t R N C /s e rv e r
c a ll:  p o llW in d o w  = 8 0 . t im e rR S T  = 3 0 0  m s______
U L  scram b lin g  c o d e  =  3 5 9 8 5 1 2
^ 2 ”  ^ c a ll:  p o llW ln d o w  = 8 0 . t im e rR S T  = 3 0 0  m s  
U L  scram b lin g  c o d e  = 3 2 6 7 5 2 3
Figure 1.1: Example of repeated parameters in signalling configuration message
The basic idea that is proposed in this thesis is to minimise the repetition of some messages once 
they are transmitted and leverage on ‘network memory’ for future transactions.
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The first solution that comes to mind is, why not hardcode the repeated information at the UE and 
at the RNC? In that way the signalling and data channel configuration messages will be sent only 
with the parameters where the value changes with every call. In fact hardcoding the repeated 
information in the signalling and data channel is already proposed in the RRC protocol 
specification (25.331) [9]. Keep in mind that the first RRC protocol release, is called R99 
(Release 99), because it was completed in 1999 and the first version v3.1.0 was published in 
January 2000. However, the hardcoding solution was not introduced in the R99 [9] protocol 
specification until version v3.6.0 in March 2001. RRC protocol specification then evolved from 
R99 to R4 (Release 4) which was introduced in March 2001, parallel to R99 releases. R5 was 
introduced in March 2002. Then other releases R6, R7, R8, R9, RIO, R l l  followed until the last 
release R12 was published in October 2014. Note that with each release new enhancements or 
functionalities are introduced. For example HSDPA (High Speed Downlink Packet Access) was 
introduced in R5, HSUPA (High Speed Uplink Packet Access) was introduced in R6, MIMO 
(Multiple Input Multiple Output) was introduced in R7 and LTE (Long Term Evolution) was 
introduced in R8 ...
Hardcoding of static information at the implementation phase of a node/device is not a viable 
solution for many reasons. In fact one main drawback would be forcing all operators and all 
vendors to use the same values for the affected procedures and this is not practical as each vendor 
or network operator might wish to tune those parameters to suit their own network conditions. 
Moreover, changing the value of any hardcoded parameter would require a software upgrade on 
the network and on the UE. For these and other flexibility reasons in the dimensioning of a 
network there is a need for a method that stores the repetitive events and information dynamically.
That is why another storage method is proposed in this thesis. It consists of storing, without 
hardcoding, the repetitive information during a first call then avoiding sending the stored 
information during the second call. In that way the message size is reduced.
In the introduction section it was mentioned that many factors affect the signalling procedure 
setup delays. In this research work, not only is the dynamic storage method described above 
proposed, but also two different methods that also reduce the call setup delays. In the first one the 
number of signalling messages is reduced and in the second one the activation of one signalling 
rate was postponed during an emergency call setup in order to reduce call setup duration.
On the other hand, the tests are made in a lab in good radio conditions, the amount of equipment 
remains the same and the delay caused by the software and hardware is only highlighted.
Note that the dynamic storage method that is proposed in this thesis, works only when there is an 
exchange of signalling messages carrying repeated information between two pieces of equipment
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in both directions. An example is the UMTS call setup. However, there are cases where 
equipment broadcasts repeated information to one or more clients without the client sending any 
feedback. In other words the signalling information is not exchanged in both directions but rather 
in one direction. In one example, in UMTS each cell of a Radio Base Station (also called Node 
B), continuously broadcasts System Information (SI) to the UE under its coverage. The SI 
contains some information to be used by the UE while it is in idle mode e.g. offset parameters to 
use in cell reselection, and some other parameters to be used while the UE moves to connected 
mode e.g. some retransmission timers. Keep in mind that the value of the parameters of SI could 
be changed at any time by the operator and with the actual RRC specification [9], the UE reads 
the SI and stores them for a period of 6 hours; after that even though it remains on the same cell 
and no changes of SI are performed it still has to invalidate the stored SI and read again the 
broadcasted ones.
In this thesis only the benefits of finding a new storing algorithm for the SI are highlighted and 
the algorithm is left for future study. Section 7.3.2 highlights, why the proposed storage method 
that works between two or more pieces of equipment does not work in this case.
The objectives of this research work are:
(I) To propose a storage method, called in this thesis DyStoM (Dynamic Storage Method), that 
stores the repeated information exchanged between two or more pieces of equipment. Its 
importance resides in the fact that it is generic and also dynamic. In fact it could apply to any 
interface and to any protocol wherever the same information or events are repeated. In addition, 
by using that algorithm the operator could change the values of the stored parameters while 
keeping, in all conditions, the stored values synchronised on all equipment.
(2) To test the DyStoM on the UMTS system (Universal Mobile Telecommunication System). In 
fact the method is applied to three different UMTS scenarios. First, it is applied to two signalling 
messages exchanged on the air interface during a UMTS call setup. Second, it is also applied to 
two signalling messages not exchanged on the air interface. Third, it is applied to one particular 
signalling message of UMTS, the RRC Measurement Control, which is exchanged on the air 
interface during the call setup and also exchanged during the UMTS soft handover procedure.
(3) In (1) & (2) above DyStoM is used to store either part or the whole signalling message. It is an 
objective of this research to propose another method, that uses DyStoM as one input and that
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reduces the number of signalling messages in any procedure where repeated information is used. 
The method is then tested on UMTS call setup.
(4) As all the proposed methods used in this thesis are tested on UMTS call setup, yet another 
objective of this research is to propose a method that reduces the duration of an emergency call 
where the A-GPS procedure is used. Note that this method does not use any storage information.
(5) Highlight the importance of having a new dynamic storage method that applies when the 
repeated information is sent in one direction with no feedback from the receiver e.g. UMTS SI 
described above.
1.2 Problem Statement
• Storage method: Suppose that one parameter, denoted p i, that belongs to a message, X I, 
is stored on equipment 1 & equipment!, with a value equal to 2 at time t l.  In the literature 
there are methods, described in chapter 2, that allows the exchange of XI without 
containing the stored parameter e.g. p i. These methods also keep synchronised any new 
value of p i on both pieces of equipment as long as they are always connected. For 
example if  the operator changes later, at any time t > t l ,  the value o f p i at equipment 1, 
the new value is transmitted to equipment! via XI and both are synchronised. However 
suppose that at t!  > tl  while the value of p i is still equal to 2 on both pieces of 
equipment, equipment! which could be for example a mobile phone, gets disconnected 
for a while from equipment 1 which could be an RNC, and later it returns to be in 
connection with equipment I at time t5, much bigger than t2. In such a scenario, existing 
methods do not provide a solution that avoids, in all situations, any error in 
synchronization of stored parameters when equipment! is back. In other words the 
existing methods cannot tell if  the value of p i equal to 2 on equipment! at time t!  before 
disconnection has the same value or not at equipment I at time t5. Hence a storage method 
that keeps the stored parameters synchronized, in all conditions, for all equipment is 
needed.
Reducing the number of signalling messages during UMTS call setup: In [5] as well 
as in [6], two different methods are proposed in order to reduce the number of signalling 
messages in a call setup. In both methods the idea consists of combining the contents of
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two or more messages into one message. In [5] the size of the final message is equal to 
the sum of the size of each of the combined messages. In [6], the final message uses, 
when applied, the hardcoding solution on each of the combined messages in order to 
reduce them so that the size of the final is not large. However, where no hardcoding is 
used as is the case of the proposed DyStoM, there is no method in the literature that 
makes the size of the final message smaller than the sum of each of the size combined 
messages. As mentioned in the introduction, many benefits follow in case the final 
message is reduced especially if the message is sent over the air interface, e.g. less 
retransmission of erroneous packets.
• Emergency call in UMTS: In some countries like the USA the location of the subscriber 
is a mandatory procedure during each emergency call setup. In UMTS for any type of call 
setup, including an emergency call, the signalling messages are sent at 13.6 kbps in the 
first part of the call setup and at 3.4 kbps in the second part. The location procedure is 
triggered in the second part of the call setup. The problem then arises when the location of 
the subscriber needs to be accurate and an A-GPS procedure is used. In fact in such a 
scenario the duration of the emergency call is extended for a few seconds more in 
comparison to when no A-GPS is used, e.g. when only the geographical location of the 
Radio Base Station and not the subscriber location is given. This is due to the fact that the 
size of the messages carrying satellite information is long. As the duration of an 
emergency call is critical, a method is then needed to reduce that duration.
1.3 Novel Work Undertaken
The novel work undertaken in this research is summarised as follows:
• A novel generic Dynamic Storage M ethod (DyStoM) that applies to any technology 
system, any protocol and any procedure is designed. It consists of dynamically storing 
any repetitive signalling information on any interface without hard coding. The novelty 
consists of creating some rules on client(s) and server which allow a synchronization, 
between the stored information on all equipment, to be maintained in all conditions e.g. 
equipment is taken out of the network for a while then brought back later. For example in 
one rule a novel interaction is created between a timer defined at client(s) and another one 
defined at server.
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A novel application of DyStoM to UMTS measurements is designed which allows 
earlier measurements and earlier handovers for the UE. In fact in all existing storage 
methods in the literature and to the knowledge of the authors, they try to reduce the size 
of the messages exchanged in the call setup. In particular these messages deal with the 
setup or reconfiguration of signalling and data channels. However there is no work that 
tries to reduce or store messages that carry measurement configurations or that are 
exchanged during handover procedures.
A novel generic method that uses DyStoM as one of its inputs is designed in order to 
reduce the number of signalling messages exchanged during a UMTS call setup from 
11 messages down to 3. Thanks to DyStoM usage, the size of the final message is smaller 
than the sum of the size of each of the combined message as they are exchanged in the 
literature.
• A new method to reduce the duration of an A-GPS procedure exchanged during a 
UMTS emergency call setup is introduced.
• The advantages of the application of a new version of DyStoM for UE in idle mode are 
demonstrated. This is listed in the thesis as part of future work.
1.4 Publications
Part of this research work has been published and a list of publications is given below:
1. B. Yamine and R. Tafazolli, “Dynamic Storage Method for the UMTS Radio Resource 
Control”, in Mosharaka 4th International Conference on Communications, Computers 
and Applications (MIC-CCA 2011), pp 49-53, July 2011.
2. B Yamine and R. Tafazolli, “Reducing the Size of two NBAP Messages Exchanged 
during a UMTS Call Setup”, in Mosharaka 5‘^  International Conference on 
Communications, Networking and Information Technology (MIC-CNIT20II), pp91-94, 
December 2011.
3. B. Yamine and R. Tafazolli, “Storing the RRC Measurement Control message in order to 
make earlier measurements”, in Mosharaka International Conference on
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Communications, Networking and Information Technology (MIC-CNIT2011), pp95-99, 
December 2011.
4. B. Yamine and R. Tafazolli, “Reducing the Emergency Call Setup Duration in UMTS,” in 
Proc. IEEE 19th Telecommunications forum TELFOR 2011 Serbia, Belgrade, pp343-346, 
Nov. 2011.
Journal paper
1. Badoui. Y. Heik and R. Tafazolli, “New Signalling Method for Mobile Communications 
Network”, accepted in lET journal, JoE, final corrections were sent in December 2014 
and publication is expected very soon.
1.5 Structure of Thesis
The thesis is divided into 7 chapters. The first chapter sets the background and overall purpose of 
the research.
A summary of existing UMTS storage methods, e.g. hardcoding, and the drawbacks of each 
method are described in chapter 2. The need for a new method that overcomes existing drawbacks 
is then highlighted.
In chapter 3 a novel generic Dynamic Storage Method (DyStoM) is described. The method 
applies only when there is a signalling exchange in both directions between at least two pieces of 
equipment. It consists of storing repeated information during the first call and then avoids sending 
them on the following calls. Two algorithms are proposed. One that applies whenever all 
equipment has a fixed address and the other when the address of at least one piece of equipment 
changes over time e.g. a mobile phone. The rules, parameters, algorithms as well as the limitation 
of that method are described in this chapter.
Three applications of DyStoM to different UMTS procedures are described in chapter 4, as 
follows:
• An application of DyStoM to RRC [9] with the largest two messages exchanged on the air 
interface during a UMTS call setup is described.
• An application of DyStoM to UE measurements and handovers in UMTS is described.
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• An application of DyStoM to NBAP (Node B Application Part) [10] with the largest two 
messages exchanged during a UMTS call setup between two pieces of equipment where 
there is no air interface is described.
Measurements and gain of each DyStoM application listed above in comparison to a standard 
commercial call are then provided in chapter 4.
In chapter 5 a novel method that uses part of a DyStoM algorithm is applied to a UMTS call setup 
in order to reduce the total number of signalling messages from 11 down to 3. It consists of 
dividing each message of the call setup into two parts, one part that is stored during a first call 
thanks to the DyStoM algorithm, then in each direction the remaining part of each message is 
added to one or two messages. The timestamps, the size, the duration of each signalling message, 
as well as the processing delays of equipment via the proposed method are then compared to a 
commercial UMTS call setup. Results and discussions are then provided.
As one objective of the methods described in this thesis is to reduce signalling procedure duration 
another novel method that is not based on DyStoM was introduced in chapter 6 in order to reduce 
the duration of a UMTS emergency call setup. In this chapter an emergency call setup, where an 
A-GPS procedure is triggered to locate the subscriber, is performed on a commercial UMTS 
network located in a lab. The timestamps and size of the signalling messages are then taken via a 
protocol analyser. A new method that accelerates by four the transmission speed o f the signalling 
messages, in particular the ones carrying A-GPS information, is proposed. The duration of the 
messages with the new method is compared with the ones used in the commercial network; the 
results and some recommendations to reduce further the emergency call setup are then discussed.
The conclusions of this research and future work are presented in chapter 7.
Finally, as the application of DyStoM is based on UMTS signalling procedures, e.g. UMTS call 
setup and UMTS measurements, an Appendix at the end of this thesis gives a brief description of 
everything that is related to the UMTS call setup; UMTS architecture, UMTS interfaces, UMTS 
equipment, and UMTS messages.
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2 Existing solutions
2.1 Introduction
The idea of storing one part of the message on destination equipment during the first call in order 
to skip sending that stored part in the second call is not new. In the literature there are a few 
methods that have been used for this. The description of these methods and their drawbacks are 
listed in this chapter.
2.2 Hardcoding solution
Whenever the same information is repeated between two different nodes the first obvious solution 
that comes to mind is hardcoding the repetitive information.
Hardcoding one part of the signalling message on both nodes is already an existing solution in 
3GPP [II] standard, particularly in the RRC [9] protocol specification. The group of parameters 
that are hardcoded are called “Default Configurations”.
•  Drawbacks
• In 3GPP the hardcoding solution applies to circuit switch calls, e.g. speech calls, but not 
to R99 packet switch calls, e.g. internet calls.
• Hard coding information in the UE and in the RNC is not a good solution for many 
reasons. Firstly, by hardcoding the repetitive information all vendors and operators would 
be forced to use the same parameters, and that is not a practical solution. In fact an RLC
[2] parameter called ‘timerRST’ (a timer used to trigger the retransmission of RESET 
PDU) is already in implementation, and it is equal to 300 ms in the specification; whereas 
in the live network for one vendor it is 400 ms and for another vendor it is 500 ms.
Second, and more importantly, in order to change the value of one hardcoded parameter a 
software upgrade is required and this is not practical in a wireless system where one of 
the two pieces of equipment involved in the hardcoding is a UE held by a subscriber.
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• In actual RRC specification nothing is said about when the RNC decides to send the 
partial message by using the default configuration or when it sends the complete message. 
It is up to the vendor to choose their own algorithm.
• In actual specification, the “Default Configuration” is only defined for two particular 
RRC messages, which are Radio Bearer Setup and Conneetion Setup; however, it is not 
defined for any other RRC message.
2.3 Differential Encoding
A new method called “Differential Encoding in a Wireless Communication System” that applies 
to CS and PS calls is proposed in [12]. It consists of comparing the configuration of any RRC 
message to be sent to the UE with one configuration defined for the CS “Default Configuration” 
as shown in Figure 2 .1. Based on that:
• If the difference is big then the RNC sends the eomplete configuration, or in other words 
it sends the complete RRC message.
• If there is no difference, that means that the configuration to be sent is equivalent to one 
configuration of the “Default Configuration” already hardcoded at the UE, and the RNC 
only sends the identity of that hardcoded configuration and the UE reads the parameters 
of that configuration from its memory.
• If the difference is small the RNC sends this difference in addition to the identity of the 
“Default Configuration” whose configuration matches the configuration to be sent.
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Figure 2.1: Flowchart diagram reconstructed based on Figure 5 in [12]
•  Drawbacks
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• In the RRC specification [9] there are many CS “Default Configurations”. Nothing is 
said about the criteria followed in the comparison between a selected configuration and 
the “Default Configuration”. For example, if  a PS call is performed then is that 
comparison performed with one particular CS ‘Default Configuration’ or is it performed 
with each hardcoded configuration in order to see which one matches the most? Is that 
comparison performed parameter by parameter or is it based on different factors? A 
difficult algorithm might be used, and this might contribute to additional processing.
• The authors do not define what they mean by ‘difference is big or small’ e.g. how many 
bits. In this thesis, a storage algorithm is proposed and all that is related to difference in 
size, between two or more signalling messages, is defined in the evaluation step of the 
proposed method in chapter 3.
• The comparison of any PS call with the CS “Default Configurations” will always be a big 
message. In the ‘Differential’ method it is mentioned that any other configurations from 
[13] could be added to the Default Configuration. In other words, the authors encourage 
the idea that other configurations could be hardcoded as well; however, by hardcoding all 
of the possible configurations the proposed “Differential Encoding in a Wireless 
Communication System” method becomes useless, and all of the disadvantages of 
hardcoding described above would apply.
2.4 Sending the information to be stored via the air interface
In UMTS in idle mode the Node B continuously broadcasts some information, called SIB (System 
Information Block) on the air interface. The UE reads and stores this information continuously. 
These SIBs consist of information to be used by the UE in idle mode, like for cell reselection [14], 
and in connected mode like RACH (Random Access Channel) and EACH (Forward Access 
Channel) message configuration.
In the literature there are some solutions that suggest sending in advance, in one or more SIB, part 
of the RRC messages that will be used when the UE is in connected mode. In other words, while 
the UE is in idle mode it reads and stores part of some messages that are used in different 
procedures i.e. call setup. In that way, when a call setup occurs later then as part of the message is 
already stored while the UE was in idle mode there is no need to send a complete message, and 
instead only the remaining part of the message is sent. As a result the number of bits exchanged 
during the call setup is reduced.
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One of these solutions is already defined in 3GPP standards for RRC [9] protocol specification 
and is called the ‘Predefined Configuration’. This was mainly introduced to accelerate the 
handover from GSM to UMTS by reducing the size of the handover message, ‘Handover to 
UTRAN Command’, to be sent on air interface.
In [15] the ‘Predefined Configurations’ were suggested for use with other RRC procedures, i.e. 
for the UE channel reconfiguration which is performed via the message ‘Radio Bearer 
Reconfiguration’.
•  Drawbacks
• By sending a lot of information on SIB the UE consumes more power to read and store all 
of this information.
• The SIBs are sent one after the other based on a schedule. For example, as shown in 
Figure 2.2, SIBl is sent first then SIB2 and so on. If SIB 16, where the predefined 
configuration is transmitted, becomes bigger then this means that the UE needs to wait 
longer to listen to the next SIB, or to any previous SIB, e.g. SIB2, in case it was not 
decoded correctly by the UE in the first run, e.g. due to bad coverage.
Note that system information is sent according to a predefined rule which states that in every 
period of time, called TTI and equal to 20 ms, a segment containing 222 bits is sent on the air 
interface.
SIBs are sent 
based on a 
schedule
S IB18
SIB1
SIB3
SIB1
SIB3
S IB 18
SIB2
11: mobile could not 
decode SIB2
12: mobile waits next 
occurrence of S IB2
Figure 2.2: Broadcast of SIB on air interface
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• In the actual RRC [9] protocol specification the maximum number of default 
configurations that could be sent on an air interface is defined by the 
MaxPredefConfigCount parameter and its value is equal to 16. However there are far 
more than 16 predefined UMTS configurations. In fact according to [16] there are more 
than one hundred UMTS configurations i.e. CS, PS, CS+PS etc... As a consequence the 
broadcast SIB solution cannot accommodate all UMTS configurations.
• By sending information on BCCH, it means that the information is repeatedly broadcast 
on the air interface even when the UE is not using it, whereas an enhanced solution 
consists of only sending the information when required.
• On the other hand, using the air interface as a way to transfer the information to be stored 
is not a universal method as it does not apply to the messages exchanged between two 
nodes where there is no air interface.
2.5 Using an external server
Rather than sending the message configuration on the air interface e.g. via Predefined 
Configurations, in [17] a method where the configurations are stored on an external server, and 
only an identity of each of the stored configurations, called a ‘configuration package version’, is 
sent on the air interface.
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Figure 2.3: Call flow of external server reconstructed from [17]
The UE stores a message configuration together with its ‘configuration package version’, then it 
continuously compares the value of its stored ‘configuration package version’ with the value that 
is broadeast. If they are different, then as shown in Figure 2.3 it connects to the external server 
and downloads the updated configuration, otherwise no action is taken by the UE as it has the 
most updated configuration stored on its side. Obviously, with such a method the RNC only sends 
a part of the message as the second part is taken from the external server. Note that the stored 
configurations on the external server correspond to the ‘Default Configurations’ defined in the 
standard, and in cases where one parameter of any of these configurations is changed then the 
value of the ‘configuration package version’ is increased by one and is transmitted on the air 
interface together with the address of the external server.
• Drawbacks
There are two main drawbacks for such a method.
• First, in order to download the updated configuration the UE needs to perform a call setup 
to get an IP allocation in order to connect to the external server. In other words, for each 
change in the stored configuration on the external server each UE in the network should
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trigger a call setup in order to receive the updated information. This contributes to an 
additional signalling load in the network.
• Secondly, and more importantly, there is no indication about any synchronization method 
for the value of the ‘configuration package version’ between the UE and the RNC. 
Suppose that the ‘configuration package version’ is coded in 3 bits. That means that if a 
‘configuration package version’ is equal to 5 at time t l ,  then after 8 changes to the 
configuration the ‘configuration package version’ is again equal to 5 at time t2, and this 
corresponding t is a different configuration than the one at t l. Now suppose that the UE, 
having stored a ‘configuration package version’ with an identity 5 at time t l,  is switehed 
off or goes out of service for a long time, and during that period the operator might or 
might not change the value of the Default configuration many times. When the UE is 
switched on again or is back to coverage at the later time t2, nothing is said about how to 
avoid confusion in the case where the UE finds that the broadcasted ‘configuration 
package version’ is equal to 5. Does it correspond to a new configuration, e.g. after 8 
changes of the ‘configuration package version’ or does it correspond to the same 
configuration as the one at time tl?
2.6 Using air interface in the storage method
In [18] a new synchronization method for storing part of the RRC signalling message is presented. 
It consists of giving each configuration to be stored an identifier called an SCI (Stored 
Configuration Identifier). Note that the configuration to be stored corresponds to one part of an 
RRC message. The other part of the message is dynamic where the value of parameters might 
change with each call.
The method is divided mainly into two parts:
In the first part, during a call setup the RNC asks the UE in the first downlink message, RRC 
Conneetion Setup, for the list of stored SCI. As shown in Figure 2.4, the UE sends that list in the 
next uplink RRC message, and that is the Connection Setup Complete.
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E q u ip m e n t C o n tro lle r
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S o red  C o n fig u ra tio n  List
R ad io  B e a re r  S e tu p :__________________
E xp lic it b e a re r  p a ra m e te rs  an d  SCI
R ad io  B e a re r  S e tu p  C o m p le te :_____
S o red  C o n fig u ra tio n  List In c lu d e d
Figure 2.4: RNC request stored SCI list at UE (diagram reconstructed from [18])
The RNC compares the reported SCI list at the UE side with its own list. If one SCI of a particular 
configuration is reported then the RNC does not send that configuration in a following DL RRC 
message, otherwise if one SCI is not reported then the RNC sends the full configuration of that 
SCI. In other words, in the first scenario the RNC sends part of the RRC message, whereas in the 
second scenario the RNC sends a complete RRC message. In a first call, as the stored list at the 
UE side is empty the RNC sends the whole RRC message to be stored. The UE then stores part of 
the message and its SCI value. During the second call, when the RNC receives the list of stored 
SCI it does not send the whole RRC message that was previously stored but rather the remaining 
part of it. In that way the size of the RRC message is reduced.
In the second part a synchronization method for SCI values at UE and at RNC is presented where 
the value of SCI is increased by I each time a stored configuration is changed on the RNC and the 
updated value is sent to the UE via the broadcast channel on the air interface.
• Drawbacks
• Firstly, it uses the broadcast channel. All of the drawbacks of using the broadcast channel 
are described in paragraph 2.4.
• As mentioned by the authors of that method, the RRC Connection Setup message, which 
is one of the largest RRC messages in size, could not be stored.
• To synchronize the SCI values on RNC and UE two timers, one at the UE side and 
another one at the RNC side are defined. At the UE side, when the timer expires the 
stored configurations and their SCI become invalid. On the RNC side, even though the 
value of SCI increases by one with each operator change the rules state that during that 
RNC timer the same value of an actual SCI could not be reused.
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There are two main drawbacks of this feature. Firstly there is no single reference in time 
for the timers at RNC at UE. Secondly, there is no particular rule between both timers. 
As a consequence, on some occasions, e.g. when the UE goes out of coverage for a long 
period it might be possible to have an old SCI at the UE which is equal to an updated SCI 
at the RNC, and this leads to confusion. In fact, as shown in Figure 2.5, suppose a new 
UE enters the network at time tl and receives SCI = 5 for a certain configuration X if that 
UE goes out of coverage at time t2 for a long period of time. Suppose that during that 
time the operator was changing the SCI at RNC until it becomes equal to 5 at time t3. If 
the UE comes back to the network at time t4, before the UE timer expires, it reads 
broadcasted SCI = 5 and confusion would arise. The UE would never be able to 
distinguish if SCI = 5 corresponds to the old configuration at time t2 or to the new 
configuration at time t4.
UE enters 
network at t1 
SCI = 5
UE goes out of 
coverage at t2 
with SCI = 5
UE with old SCI = 5 back to 
coverage at t3 before UE_timer 
expires. This leads to confusion 
with new SCI = 5 at RNC
/
to
t1 t2
5<-
t3
SCI at UE
0 2
RNC timeii 
start timè^i
6 71 0 1 2
v  y
RNC timer
UE timer
SCI at RNC
Figure 2.5: Confusion that results from SCI synchronization
2.7 Combining two messages of UMTS call setup into one 
message
During UMTS call setup, RRC Connection Setup is used to carry the configuration of the 
signalling channel and RRC Radio Bearer Setup is used to carry the configuration o f the data 
channel. According to the standards, first the Connection Setup message is sent then later the data 
channel is sent. In [6], a method is proposed to send the configuration of both channels, signalling 
and data, into one message. As a result, instead of waiting for the processing of the signalling 
channel to be completed before starting the data channel processing, with such a method the
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processing of both channels will start simultaneously and hence a gain in processing time is 
achieved.
•  Drawbacks
• In [6], in order to combine the signalling and data channel messages, the method consists 
of skipping the security procedure among others. In other words signalling and user data 
will not be ciphered on the air interface. Sending subscribers’ non ciphered data whether 
it is speech or data, over the air interface is not a good solution.
• The authors already suggest applying the method only to some types of calls which are 
delay sensitive. As a result the method does not apply to all types of calls.
• In order to have a final message not large in size, the authors propose to use the standard 
hardcoding solution, e.g. ‘Default configuration’, in order to reduce the size of each of the 
combined messages, the Connection Setup and Radio Bearer Setup. The drawbacks of the 
hardcoding solution were listed in 2.2.
2.8 LTE with few messages embedded into one message solution
Before discussing the evolution that was made in the LTE [5] call setup in comparison to UMTS, 
a brief summary of the major features of LTE [5]-[19]-[20]-[21] is described in 2.8.1, then the 
LTE call setup is described in 2.8.2.
2.8.1 Features enhancement of LTE in comparison to UMTS
A larger bandwidth is used in LTE in comparison to UMTS. In fact, in UMTS there is only one 
bandwidth of 5 MHz whereas in LTE different bandwidths that go up to 20 MHz are used. The 
available bandwidths are [1.4 MHz, 3 MHz, 5 MHz, 10 MHz and 20 MHz], and the operator 
could choose any one of them. As the bandwidth in LTE is 20 MHz, which is four times bigger 
than the bandwidth that is used in UMTS, the throughput of LTE is at least four times bigger than 
the one of UMTS. Note that enlarging the bandwidth is always a main factor to consider for better 
throughput in any wireless evolution. For example, with LTE-Advanced a bandwidth of 100 MHz 
is used. In addition to that, as another factor to increase cell throughput in LTE in comparison to 
UMTS, the scheduling time in LTE is half of that used in UMTS. In fact, in UMTS and in 
particular in HSDPA [22] the TTI is 2 ms, whereas in LTE it is 1 ms. In other words, if 80 bits of 
data are to be sent and in each TTI only 20 bits could be sent, then in UMTS 8 ms is needed 
whereas in LTE 4 ms is needed. In that case the throughput of LTE over UMTS is double thanks 
to the smaller value of TTI.
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Another important feature of LTE over UMTS is the network latency. Latency is measured by a 
parameter RTT (Round Trip Time) that is the time spent by an IP packet sent from UE to the 
server and then back to the UE. In fact in UMTS early release (that is Release R99) the latency is 
between 110 and 150 ms [16], and for UMTS HSDPA it is around 70 ms [16]; whereas the 
latency in LTE is 20 ms. Latency is an important factor for TCP (Transmission Control Protocol) 
[23] throughput, or in other words for the user throughput. Lower latency means higher 
throughput, while on the other hand UMTS and LTE use the modulation of 16QAM and 64QAM 
so there can be no advantage of LTE over UMTS in that regard.
2.8.2 LTE call setup
Concerning the LTE call setup and in order to reduce the delays in comparison to UMTS a new 
method was introduced [5]. It consists of embedding a few messages which used to be sent 
separately in UMTS into one single message. For example, two messages in UMTS, the RRC 
Connection Setup Complete and the Attach Request, are sent separately at two different 
timestamps of the call setup procedure, whereas in LTE the Attach Request message is embedded 
in the RRC Connection Setup Complete message, as shown in Figure 2.6.
As a consequence the number of signalling messages exchanged between the UE and network in 
LTE is less than in UMTS.
UE RNC
1®* RRC m essage: Connection Setup Com plete
t1
t2 2^^ RRC m essage: Initial D irect T ransfer (A ttach Request)
t1
UM TS
UE eN ode B
One RRC m essage: C onnection Setup Com plete  (A ttach
Request) 
LTE
Figure 2.6: LTE call setup flow
Drawbacks
• The major drawback of such a method is that even though two messages are sent into one 
message the total size of the final message is the sum of the size of each of the two
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messages. In other words there is no reduction in the size of the message with such a 
method.
2.9 Summary
In this chapter a summary of the main existing storage methods was described. Based on the 
drawbacks of each of these methods, none of them give a valid solution to the main objectives of 
this research. In fact, one of the objectives is to have a dynamic storage method where the value 
of the stored parameters could be changed at any time. On one hand the existing hardcoding 
solution is by definition not a valid solution as the stored parameters could not be changed 
dynamically. On the other hand, the major common drawback of all other existing solutions could 
be summarized by the fact that they do not offer a storage method where the stored values remain 
synchronized on all equipment in all conditions e.g. when the UE goes out of coverage and later 
comes back to the network. That is why in Chapter 3 a novel synchronizing storage algorithm is 
proposed.
Yet another objective of this research work is to reduce the number of UMTS signalling messages 
exchanged during the call setup. In this chapter two methods were described that reduce the 
number of signalling messages. In the first one, in LTE, the idea of combining a few messages 
into one message was introduced; however, the size of the total message is equal to the sum of the 
size of each of the combined messages. In the second one [6] another method is proposed; 
however, it works only for specific types of calls by skipping the ciphering on the air interface. 
That is why in Chapter 5, a novel method is introduced in order to combine different messages 
into one message where the size of the final message is less than the sum of each of the combined 
messages and that could apply to any type of call and to any signalling procedure.
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Chapter 3
3 Dynamic Storage Method (DyStoM)
3.1 Introduction
For a mobile user that performs the same type of call in the same cell repetitively, e.g. every day 
or every few hours, all call contexts should be stored once on the mobile and/or the network side. 
Ideally, for future calls only a simple reestablishment message is required for the communication 
set up; however in practice, at least in the foreseeable future unless a new breakthrough in 
technology emerges, this is not possible for many reasons. One of them is due to the fact that each 
piece of equipment in the network has limited hardware and software resources. This limitation 
demands the dynamic distribution of resources at different times amongst different users. As a 
consequence a resource x allocated at time tl to UEl might not be available at t2 when the same 
UEl, at the same location as before, requests even the same type of call. In fact, UEl would be 
allocated a different resource y at time t2. Such information which varies in time is called 
dynamic. On the other hand there is always some information that is repeated, which is called 
static information, in every user activity like each time they perform a call setup. If the size of that 
static information passes the evaluation step, defined later in chapter 3, the proposed Dynamic 
Storage Method (DyStoM) has the objective to store that repeated information during the first call 
in order to avoid sending it during the following calls. As a consequence the size of the messages 
with DyStoM is smaller than in the case where no storage method is used. This would contribute 
to the reduction of existing procedure processing and latency.
Note that DyStoM is a generic method and could apply to any signalling procedure, regardless of 
whether it is in a wireless or a wire-line system. Different applications of DyStoM for UE in 
connected mode are described in chapter 4.
3.2 Method Description
A flowchart of this method is shown in Figure 3.1, and each step in the flowchart is described in 
the following paragraph.
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Figure 3.1: Flowchart of DyStoM
• Step 1: Repetitive procedure, information and actions
In any system, in order to apply the dynamic storage method one should look at the occurrence of 
any type of repetitive procedure, information or action. An example of a repetitive procedure 
would be a call setup. An example of repetitive information is the contents of exchanged 
messages, and an example of repetitive action would be a user moving every day in the same 
geographical area.
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• Step 2: Divide each message into 2 parts a and p
As shown in Figure 3.2, each message Xi or Yi of the signalling procedure could be composed of 
only ai, of only pi, or it could divided into two parts called ai and pi.
E q u ip m e n t 1
X1 m e s s a g e , a1 bits (a _ X 1 )
E q u ip m e n t 2
«-
Y1 m e s s a g e , b1 bits (a _ Y 1 , p _ Y 1 )
X 2  m e s s a g e , a 2  bits (f3_X 2)
-9>
X 3  m e s s a g e , a 3  bits (a _ X 3 , (3_X3)
<- Y 3  m e s s a g e , b 3  bits (a _ X 3 )
X n  m e s s a g e , an  bits (a _ X n , p _ X n )
Y m  m e s s a g e , bm  bits (a _ X m , P _ X m )
Figure 3.2: Signalling messages and contents during first call
The ai part contains the part of the Xi or Yi message where the values of some, if  not all, 
parameters change every time the procedure is executed, meaning that the ai part could not be 
stored, whereas the pi part contains the remaining part of the message where the values of the 
parameters remain fixed every time the procedure is executed. The pi part of the message could be 
stored. For simplicity in the following paragraphs, unless it is explicitly mentioned a and P are 
used respectively instead of ai and pi.
• Step 2.1: Define server and client(s)
A server is the only piece of equipment that has authority to change the value of P at any time. 
Contrary to this, a client node is the piece of equipment where the value of p cannot be changed. It 
is up to the server to update the client with the new value of p. Depending on the system that is 
used, whether wireless or wire line, the equipment that is involved in the signalling procedure 
could be acting as either a server or as a client.
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In a first scenario one piece of equipment acts as a server and the other piece of equipment acts as 
a client. Such a scenario is called ‘server to client’. In a second scenario each piece of equipment 
acts as a server. Such a scenario is called ‘server to server’, and in this paper both scenarios are 
considered.
An example of applications in which one piece of equipment acts as a server and the others act as 
clients is a UE initiated call setup. In such a scenario the UE acts as a client and the network, in 
particular the UE controller, acts as a server. On the other hand an application in which each piece 
of equipment acts as a server is the handover procedure. In such a scenario each mobility 
controller acts as a server.
• Step 3: Storing p on server and client
DyStoM stores the P-part at the server and at the clients during the first call instance and sends 
only the a-part during the second and following call instances.
• Step 4: Evaluation
The type of the evaluation depends on the system that is used and on the nature of the benefit 
from the storage method. This is carried out in the “evaluation” part in Step 4 as follows:
Suppose that a signalling message X I, belonging to a protocol p i, has a total size of 1000 bits, 
and that the underlying protocol, p2, divides each message of p i, e.g. XI in our example, into 
segments of a size equal to segment size.
Scenario 1: In one example suppose that segment size is equal to 500 bits. Without any storage 
method two packets of p2, each equal to 500 bits, are required in order to send the 1000 bits. 
Suppose a storage method is applied in the following two cases: 
In the first case the size of the repeated information inside XI is 400 bits. In that example (1000 -  
400 = 600) bits are transmitted and this requires 2 segments of p2: a first segment carries 500 bits 
and the second segment carries the remaining 100 and the rest is padding. In the second case if the 
size of the repeated information is 80 bits then (1000 -  80 = 920) bits are transmitted and again 
two segments of p2 are required. In the first segment, 500 bits are sent and in the second segment 
420 bits are sent with 80 bits of padding. Regardless of whether the repeated information is 400 or 
80 bits there is no gain with a storage method compared to without one.
Scenario 2: In one example suppose that segment size is equal to 100 bits. Without any storage 
method, ten packets of p2, each equal to 100 bits, are required in order to send the 1000 bits.
26
Chapter 3.Dynamic Storage Method
Suppose a storage method is applied. If the size of repeated information is 400 bits then 6 packets 
of p2 are required (as 600 bits are transmitted) whereas with 80 bits of repeated information 10 
packets of p2 are required as 920 bits are transmitted.
In the examples above not only might the number of packets to be sent be considered but also the 
nature of the interface where the information is being exchanged. Sending 6 packets out of 10, as 
in scenario 2, might be beneficial on the air interface but not as beneficial on another interface 
where there is no air interface e.g. a fibre optical cable.
In the evaluation process, one should look at the number of packets to be sent after a storage 
method is applied, and also if the reduction of size triggers a reduction in the duration; the 
advantage of that reduction in the duration depends on the system or procedure used. For 
example, for a signalling procedure that has a duration of 2 seconds, if by applying DyStoM the 
duration becomes 1 and a half seconds. Then reducing by 500 ms a procedure of 2 seconds might 
not be so beneficial if  the procedure is used to connect to the internet but might be very beneficial 
if  the procedure is for an emergency call or the response of a sensitive sensor.
In all cases whether the benefit of the storage method is to reduce the size of the message or its 
duration or any other benefit, the outcome of the evaluation algorithm depends on each system 
and on each scenario. In other words, there is no single formula to be used. The input of the 
evaluation step is given by the administrator of the storage method and it depends on the system 
and the type of expected benefits.
• Step 5: ‘Open Interface’ or ‘Closed Interface’ based on client address change
The ‘Open interface’ is a system where the address of the server remains fixed over time, whereas 
the address or the identity of all peer nodes, called clients, changes. This is the subject o f Method 
1.
Whereas in a ‘Closed interface’ all equipment involved in the signalling procedure, server and 
client(s), has a fixed address that does not change with time. This is the subject of Method 2.
• Step 6: ‘Open Interface’ method
All of the steps of method 1 are described below, namely Step 6.1, Step 6.2, Step 6.3, & Step 6.4, 
as shown in Figure 3.1. Then the description of all of the steps of method 2 will follow.
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• Step 6.1: Define tag on server and on clients
A new parameter called a tag is defined on each piece of equipment. That tag is an integer coded 
in a certain number of bits, e.g. 8 bits. Each value of tag on a piece of equipment represents a 
certain configuration of pi on that equipment. If both pieces of equipment have the same tag value 
that means that both have the same configuration of pi, which is the same values for all 
parameters of pi, otherwise each piece of equipment has a different configuration of pi. The tag on 
the server is called the serverk pi tag, where each k represents one server, and on a client it is 
called the clientj pi tag where each j represents one client. For simplicity, in the case where there 
is only one server (k=l) and only one client (j=l) then the tag is noted respectively on the server 
and on the client as the server_pi_tag and client pi tag. An example where two pieces of 
equipment have, at the same time t l ,  different tag values is shown in Figure 3.3.
P_3
fp1=1s 
A  p2=50s
_ _ p3=-110dbme2 ^  ^
t1
e3
\
p4=100ms
p5= true 
 ^p6=-2db
P_3
fe1
02
03
\
p1=1s
p2=50s
p3=-100dbm
p4=80ms
p5= true 
 ^p6=-2 db
Equipment1_p3_tag = 2 Equipment2_p3_tag = 3
Figure 3.3: Example of two different pieces of equipment having different tag values
Keep in mind that with the proposed dynamic storage method the operator could change the 
configuration of any parameter of pi at any time. One way of indicating that change is by 
changing the value of the tag on the piece of equipment where the change was made, then an 
algorithm based on comparing tag values at both pieces of equipment and described later in step 
3.1.6.4 makes sure that the peer equipment always has the most updated pi after every change of 
pi on the sender’s equipment. In fact, if both tags are equal then the transmitter equipment would 
not send pi otherwise the newly updated pi is sent with the newly updated tag value.
• Step 6.2: Define rules on tag
Suppose that at tl  when the value of the tag on the client and on the server is equal to 5, the client
is switched off or is moved temporarily to another network or it goes out of service for a long
period T. Suppose that during that period T the operator changes the value of pi many times in a
way that during T and at a certain time the value of the tag on the server is again 5. In cases where
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a tag is coded in 8 bits this would occur at time t2, after 256 changes of pi. Now suppose the client 
that went away from the network with a value tag equal to 5 comes back to the network at time t2. 
The value of the tag on the client equals 5 and is the same as in the server; however, the pi is not 
the same. In order to avoid such situations of confusion different rules on tags are defined as 
shown below.
Rule 1: Initially, e.g. during the first procedure run during the first call, the value of tags on the 
server and all corresponding clients should be different. One way of doing this is by setting the 
tag on all client(s) as equal to zero, whereas the tag on the server should not take, at any time, the 
value of 0, but start with the value of 1. In that way, during the first call pi is always sent by the 
server to be stored at the client side.
Rule 2: Whenever the client is switched off/on or moved to another network the tag on the client 
is set to 0. In that way the most updated pi will be sent by the server which has a tag value that is 
always > 0 by definition of tag Rulel.
Rule 3: The value of the serverk pi tag is incremented by I each time the value of one 
parameter of any pi is changed on the server side.
Rule 4: A new timer called the serverk timer, denoted T in Figure 3.4 and Figure 3.5, is defined 
on the server k side. The rule states that during that timer the value of the serverk pi tag [1, 255] 
cannot take the same value twice. The value of T is communicated to the client either via a 
dedicating signalling message or via other means e.g. a broadcast channel on the air interface.
Rule 5: A new timer called clientj_timer is defined at client j and the rule states that when 
clientj timer expires, clientj pi tag is set to 0. The value of clientj_timer is calculated as follows:
During the first call, the value of clientj timer is defined as equal to [(serverk timer) -  tcall], 
where the value of tcall is sent to the client in a dedicated signalling message, as shown in Figure 
3.4. It should be noted that in Figure 3.4 we consider that Response 1 is the message to be reduced 
and as the received tag value equalling 4 is different from the tag value at the server equal to 5, a 
full configuration of Response 1 message including ai & pi parts is sent.
29
Chapter 3.Dynamic Storage Method
client]
R e q u e s ti (clientj_pi_tag = 4 )
serverk
^  tim estam p tO
R es p o n s e l (ai, pi, serverk_|3i_tag = 5, tcall)
A  A
V
^  tim estam p t1 
^ t im e s t a m p  tO
tim estam p tO
tcall =
t1 -to
Figure 3.4: tcall
tcall is a variable that is used to synchronize clientj timer with serverk timer. It simply indicates 
to the client the actual remaining value of serverk timer (T), at the time it receives the signalling 
message from the server. For example, if a new periodical T occurs at timestamp tO and if tcall is 
sent at timestamp tl then tcall is simply tl -  tO. Knowing the value of tcall and of T which is sent 
to the client by definition of serverk timer, the client could easily deduce the value of 
clientj timer and synchronize with the server time. Note that the value of clientj timer might be 
very small if  the value of tcall is big like 90 % of T. In such a case and in order not to have 
frequent clientj timer expiry, the client sets the second and following occurrences of clientj timer 
to be equal to the serverk timer, T, as shown in Figure 3.5. In brief, client timer is equal to 
[(serverk timer) -  tcall ] only during the first period interval then client timer is equal to T for the 
second and following interval. In other words tcall is temporarily used to synchronize client timer 
with T.
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Figure 3.5: Interaction between timers at client and at server 
Based on that figure,
if  the client leaves the network after tcall, at tleft, with tag = 5 then if it returns to the network 
there are two cases:
1- If it returns in the ‘first interval’ of T at any time before (T - tcall) expiry there is no fear of any 
confusion as during the ‘first interval’ of T , based on Rule 4 above, the tag on the server cannot 
take twice the value of 5 that is after 256 changes.
2- If it returns in the ‘second interval’ of T where the value of tag = 5 is possible, there is also no 
fear of confusion because at clientj timer expiry that is at t = T -  tcall, which occurs at the 
starting point of the ‘second interval’ of T, the tag at clientj will become 0 by definition of 
clientj timer expiry. As a result, during the next call as the tag of the client is equal to 0 and the 
value of the tag at the server in the ‘second interval’ of T is different from 0, then any tag value 
found at the second round will be considered as a new configuration.
• Practical consideration for the value of T
In one example, T is 5 days and the tag is coded in 3 bits. Suppose then the operator wants to 
perform many changes in the parameters of the stored configuration, e.g. to perform some tests. In 
that case the following problem arises: as the tag is coded in 3 bits only, the operator cannot 
perform more than 8 changes in the period of 5 days. In another example the value of T is 
reduced, e.g. T is equal to 1 day, whereas the number o f coding bits of the tag is increased to 10 or
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more. The operator could perform all the changes they want in a short period. However the 
following problem arises: later when the operator has no more changes to do, e.g. he performs all 
the tests and changes during a period of 7 days, then starting from the 8^  ^ day on, as T is small, 
equal to 1 day, each time clientj timer equal to T expires, the tag value at the client becomes null 
and the full configuration is sent. This comes from the fact that the value of clientj timer depends 
on the value T. To be more precise, during the first interval of clientj timer, the timer depends on 
tcall and T but later for the second and following intervals clientj timer is equal to T. In other 
words, in our example above, starting from the second interval, each day (T = clientj timer = 1 
day) whenever the clientj timer expires, a full configuration is sent. In such a case the method 
becomes less efficient as each day the client and the server are exchanging a full configuration 
rather than the reduced configuration.
In one conclusion, the bigger the T value, the more efficient the proposed dynamic storage 
method. In fact all the time, during all the T interval periods, and unless any tag rule has been 
triggered e.g. client is switched off, a reduced configuration is exchanged.
In another conclusion, the tag should not be coded in few bits e.g. 3 bits while T value is large, 
e.g. T equal to a few days, otherwise the operator should wait till T expiry to make more than 8 
changes. Also, that with the dynamic storage method, as the tag value is exchanged between the 
equipment, the number of bits to code tag should not be very large otherwise while sending the 
reduced configuration the additional overhead, due to the number of bits of tag, is increased.
• Extension: the value of T could be changed at any time
In one enhancement the value of T could be changed by the administrator at any time without 
affecting the synchronization of the stored parameters on equipment. This could be done as 
follows: in addition to the tag value the client sends the stored T value as shown in Figure 3.6.
clien tj s e r v e r k
R e q u e s t i  (c lien t! 3i ta p  = 3, T ) ^ t im e s ta m p  tO
^ R e s p o n s e l  (a i, pi, s e r v e rk _ p i_ ta g  = 3 , tc a ll, T  )
t im e s ta m p  t l
/\
t im e s ta m p  tO
t im e s ta m p  tO
tca ll =
V t1 —to
Figure 3.6: T change
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Then the server compares the received value with the latest value of T at the server side denoted 
T ’. If both are equal then the procedure is carried out as described above. Otherwise, the server 
ignores the value of the received tag and sends a full configuration message for the message to be 
reduced; e.g. as shown in Figure 3.6, it sends ai & pi parts (Responsel), in addition to tcall, tag 
value at the server side and T ’. Such an extension would give further flexibility to DyStoM.
As a recommendation, tag could be coded in 7 or 8 bits and the initial value of T could be big in 
terms of days e.g. 30 days, then depending on the number of changes the operator wants to 
perform, the value of T could be changed accordingly.
• Step 6.3: Define ‘request procedure’ or ‘coufiguratiou procedure’
The algorithm simply consists of comparing the value of the tag on the client with the value of the 
tag on the server. If they are equal then the server sends only the a part of the message, otherwise 
it sends the complete message with a  and p.
This assumes that the client sends the actual value of the tag corresponding to the message to be 
reduced. Such a scenario is called a ‘request procedure’. This could be done in two different ways. 
In the first case. Figure 3.7Figure 3.7, the tag is sent in the XI message which is sent just before 
YI, which is the message to be reduced. In the second case. Figure 3.8, the tag value
of Ym is sent much earlier, i.e. in the XI message.
Equipment 1 Equipment 2
client server
X1 message, a1 bits (a_X1; client_pY1_tag)
Y1 message, b1 bits (a_Y1, p_Y1)
Y1 response message, x bits (a_Y1_resp)
message before Y1 carrying 
value of tag of Y1 at client 
message Y1 to store
Figure 3.7: First example of request procedure
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Equipment 1 
client
Equipment 2 
server
X1 m essage, a1 bits (a_X1; client_(3Y1_tag & client_pYm_ta^
Y1 m essage, b1 bits (a_Y1, P_Y1)
m essage before Y1 & Ym carrying 
tag of P_Y1 and tag of P_Ym
m essage YI to store
Ym m essage, bm bits (a_Xm, P_Xm)
m essage Ym to store
Figure 3.8: Second example of request procedure
On the other hand, in a signalling procedure the message to be reduced is the first message that is 
sent from the server to the client, as shown in Figure 3.9. In this paper such a procedure is called 
the ‘configuration procedure’.
Equipment 1 Equipment 2
client server
X1 message, a1 bits (a_X1, P_X1)
Y1 message, b1 bits (a Y1, 3 Y1 )
Message Y1 to store but 
no previous message from 
client carrying tag value
Figure 3.9: Configuration procedure
In such a scenario the server does not know the value of the tag at the client side, therefore it 
cannot compare the tag value of the client with the tag value at the server. As a result the 
proposed algorithm in this paper does not apply in cases with a ‘configuration procedure’. A new 
algorithm is required for that purpose and is subject to future study.
In the following paragraph only the scenario of a ‘request procedure’ is studied.
• Step 6.4: Algorithm oi to store & synchronize p at all nodes
Algorithm oi applies whenever one piece of equipment is acting as a server and the other piece of 
equipment is acting as a client. Note that another parameter called a full size message is 
introduced, and it is coded in 1 bit. If the value is 0 it indicates that the received message is 
complete and contains a_i & (3_i, otherwise it indicates that the message is partial and contains 
only a_i.
The flowchart of algorithm oi is shown in Figure 3.10.
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Figure 3.10:‘Open interface’ algorithm flowchart
• Step 7: Method 2 called ‘Closed interface’
All of the steps of Method 2 are deseribed below, as shown in Figure 3.1: Step 7.1, Step 7.2 and 
Step 7.3.
• Step 7.1: Define only 1 tag on server
Only one tag is defined at the server side. In this paper that tag is called message type i, which 
has exactly the same role as the tag serverj_pi_tag described in the ‘Open interface,’ and it 
represents the configuration of the message i at the server side.
• Step 7.2: Define rules on that tag
The rules on message type i are defined below.
Rule 1 : Among all of the messages that are sent from the server to client, message type i is only 
defined beside the ones that have a response message. Response message means any message that 
comes afterwards from the client to the server. In Figure 3.11, message type i is defined for the 
XI & X2 messages but is not defined for the Ym message, as Ym does not have a response
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message. As a consequenee a ‘closed interface’ storage algorithm could not be applied to the Ym 
message.
E qu ipm en t 1 
c lien t 
X1 m essage, a1 bits (a_X 1)
E qu ipm en t 2 
se rve r
<-
Y1 m essage, b1 bits (a_Y1, (3_Y1)
X 2 m essage, a1 bits (a_X2, |3_Y2 )
Xn m essage, an bits (a_Xn, P_Xn)
Ym  m essage, bm bits (a_Xm , (3_Xm)
m essage_type_1
m essage_type_2
Figure 3.11: Rule 1 allocating message type i for message i
Note that the response of XI is sent immediately in the first following message that is Y l, 
however the response of X2 could come later in any message sent in the opposite direction, like in 
the Xn message.
Rule 2: Initially all message type i for all message i is equal to 0. Note that message type i is 
coded in 1 bit and could take the value of 0 or 1. If 0, a complete message with a and (3 is sent. If 
I, only a part of the message is sent.
Rule 3: When a response to message Yi is received by the server, rule 3 states that 
message type i becomes 1. Next time the Xi message is sent, as message type i is equal to 1 
only the a part of the message is sent.
Rule 4: Whenever the operator changes the value of any parameter of (3i then its corresponding 
message type i is automatically set to 0.
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Rule 5: Whenever the link between the server and the client is down all message type i of all 
messages that are exchanged between these two pieces of equipment will become null. This is 
done in order to avoid a case where the stored information on the client is deleted for any reason 
by this link disturbance.
• Step 7.3: Algorithm ci to store & synchronize p at all nodes
In the ‘Closed interface’ method one algorithm, called algorithm ci, whatever the signalling 
procedure type will apply. It simply consists of comparing whether the value of message type i 
tag is equal to 0 or 1 at the server side. If it is 0 the whole message including a and P is sent, 
otherwise only one part of the message a is sent. The flowchart of algorithm ci is shown in Figure 
3.12.
Signaling procedure 
 performed
server sends a_i & 
set full_size_message = 0
client reads a_i; reads stored p_i & 
sends a response message
--------------------------- !
Before sending 
checks me
¥■---------------------------
message i, server 
ssage_type_i
No
message_
\
_type_i = 
Yes
/
server sends a_i, p_i & 
set full_size_message = 
1
\
client reads a_i; stores p_i & 
sends a response message
\ /
server receives message 
& set message_type_i = 1
Figure 3.12: ‘Closed interface’ algorithm flowchart
3.3 Summary
In this chapter a novel storage method called DyStoM was described. It is used to store the 
repeated information on different equipment while allowing the operator to change the value of
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any stored parameter and keeping them synchronised in all conditions. It applies to any signalling 
procedure where the evaluation step of the method is valid. Keep in mind that the evaluation does 
not follow a simple formula but depends on each system e.g. the procedure might be valid if  there 
are 80 bits of repeated information in one system whereas it might not be valid if the repeated 
information is 200 bits in another system. Some practical examples for the evaluation step are 
given in this chapter. Two algorithms of DyStoM are proposed. The first one, called open 
interface algorithm, works whenever the address of the client changes over time and the address 
of the server remains the same. The second one, called closed interface, works when both the 
addresses of client and server fail to change over time.
Apart from the evaluation step, the limitation for each algorithm of DyStoM is as follows: for the 
open interface algorithm, the method works only in the signalling procedure where the tag value 
could be exchanged in both directions before the message to be reduced is sent. For the closed 
interface the method applies only when there is a signalling message that is received at the server 
side after the message to be reduced is transmitted. In order to overcome these limitations and 
make the method apply to those particular cases, other methods are needed but this is left for 
future studies.
On the other hand, when DyStoM is applied each message affected by the method is divided into 
two parts and few overhead parameters, e.g. tag values, are added. Otherwise the number of 
messages and the order of the message triggered on the signalling procedure, where the method is 
applied, are not affected. It should also be noted that the fact that the evaluation step does not 
follow a simple formula and that not only stored parameters can be changed but also the 
parameters of the method itself like T value, make DyStoM more flexible and target more 
applications.
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Chapter 4
4 Applications of DyStoM to UMTS
4.1 Introduction
In the previous chapter the rules and parameters of a dynamic storage method called DyStoM is 
described. In this chapter the application of DyStoM to three different UMTS signalling 
procedures is studied. The objective is to prove the benefits of DyStoM when applied. This is 
shown by performing measurements on the studied signalling procedures before and after 
DyStoM application. Three different applications to DyStoM are described. In section 4.2, one 
application is used to memorize part of a signalling message on a UMTS open interface. In 
section 4.3, an application is used to memorize a whole message on a UMTS open interface and in 
section 4.4, an application is used to memorize part of a signalling message on a UMTS closed 
interface. Then a summary of each of the three applications is described in 4.5
4.2 Using DyStoM to memorize part of a signalling message on 
an ‘Open Interface’
4.2.1 Introduction
To perform a packet or a circuit switch call a UE needs to have two channels. One of them is for 
signalling and the other one is for data. The data channel is used to carry user data information, 
e.g. speech frames or IP (Internet Protocol) [8] packets. The signalling channel is used for 
different purposes. For example, it is used by the UE to send its received radio condition to the 
RNC and is used by the RNC in different scenarios, e.g. to setup/release the call or to send 
measurement configurations or handover commands to the UE etc. The signalling and data 
channels at the UE side are configured by the RNC via RRC messages. The RRC Connection 
Setup carries the signalling channel configuration while the RRC Radio Bearer Setup message 
carries the data channel configuration. In Figure 4.1 only RRC messages are shown, and all 
messages of other protocols like NEAP [10], RANAP [24], and FP (Frame Protocol) [25] that 
appear normally in a UMTS call setup are not shown simply because they are not affected by the
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DyStoM application described in this chapter. Keep in mind that in the standards, in some call 
flows, ALCAP (Access Link Control Application Protocol) [26] messages are shown. This is only 
used when the transport layer uses ATM (Asynchronous Transfer Mode) [27]. Actually, all 
operators are moving their transport interfaces from ATM to IP and therefore ALCAP is not used 
in IP networks.
Based on the rules and algorithms of DyStoM, every RRC message is divided into two parts, a_i 
and p_i. The objective is to store all of the parameters of P_i at the UE during the first call, and 
then when the subscriber performs a new call of the same type as the first one only a_i is sent.
U E
R R C  C onnection  R eq u est
R N C
RRC Connection Setup
R R C  C onnection  S e tu p  C o m p le te
R R C  M e a s u re m e n t Control
R R C  Initial D irect T ra n sfe r (C M  serv ice  request)
R R C  M e a s u re m e n t R ep o rt
R R C  A uthentication  R eq u est
R R C  A uthentication  R esp o n se
R R C  S ecu rity  M o d e  C o m m an d
R R C  S ecurity  M o d e  C o m p le te
R R C  U L D irect T ra n s fer (A ctivate  P D P  C o n tex t R e q .)
RRC Radio Bearer Setup
R R C  R adio  B e a re r S etu p  C o m p le te
R R C  D L D irect T ran sfe r (A ctivate  P D P  C o n tex t R e s p .)
Figure 4.1: RRC messages exchanged during UMTS packet switch call flow
4.2.1.1 Plan of this section
In section 4.2.2 the application of DyStoM to a Connection Setup is described. In section 4.2.3 the 
application of DyStoM to a Radio Bearer Setup is described. Measurements and gain of DyStoM
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applications in terms of RRC message size and duration are described in seetion 4.2.4. A 
summary of this section is in section 4.5.
4.2.2 Application of DyStoM to Connection Setup
In UMTS there are only two predefined signalling configurations, either DL 3.4 kbps & UL 3.4 
kbps or DL 13.6 kbps & UL 13.6 kbps [16]. That means that the RRC Connection Setup used for 
a signalling eonfiguration at the UE side carries either the DLAJL 3.4 kbps or the DL/UL13.6 
kbps. The choiee depends on the operator, and some vendors use the 13.6 kbps configuration 
whereas others use the 3.4 kbps, as is the case in this chapter. In this chapter a_l & P_1 
corresponds to the configuration of 3.4 kbps whereas a_2 &P_2 corresponds to 13.6 kbps.
4.2.2.1 DyStoM parameters
For every eonfiguration p_i, i between [1, 128] configured at the UE and at the RNC is defined as 
a tag that represents that P_i configuration. In this chapter, at the UE side it is called the 
ue_p_i_tag, while at the RNC side it is ealled the me p i tag.
Note that the ue p i tag is sent in the first UL message which is RRC Connection Request, while 
the me p i tag and fiill size message are sent in the RRC Connection Setup.
4.2.2.2 Initial values of ue_p i tag & rnc p i tag
In this ehapter the ue_P_i_tag and mc_p_i_tag are each coded in 7 bits, and therefore the value of 
the ue_P_i_tag starts from 0 to 127, while at the RNC side the me p i tag starts from 1 to 127 
and does not take the value 0. The initial value of the ue_p_i_tag is 0 and of me p i tag is 1, and 
therefore during the first call the ue_P_i_tag and mc_P_i_tag are different.
All of the mles deseribed for “Open interface” of DyStoM in chapter 3 apply to the RRC 
Connection Setup case which is divided in this chapter into two parts a_i and P_i, as described in 
ehapter 3. Keep in mind that in the following paragraphs, for Connection Setup message, a_ l and 
P_l, as deseribed in 4.2.2, is used instead of a_i and p i.
4.2.2.3 Flowchart of DyStoM application to Connection Setup
The flowchart of the DyStoM application to the Conneetion Setup is shown in Figure 4.2. It is just 
an application of the generie algorithm “Open Interface” that is shown in Figure 3.10 where the 
server and client correspond to RNC and UE respeetively. The algorithm consists simply of 
comparing the ue_p_l_tag with me_p_l_tag. If they are different the full message (a_l and p_l) 
is sent, otherwise only a_l is sent.
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UE performs a call
Yes
No
At RNC  
ue_beta_1_tag 
= rnc_beta_1_tag?
RNC sends only a_1, 
full_size_message = 0
RNC sends a_1 & (3_1, 
full size message = 1
UE reads received a_1 & stored p_1 & keeps 
ue_beta_1_tag = nc_beta_1_tag
UE reads received a_1 , stores p_1 & set 
ue_beta_1_tag = rnc_beta_1_tag
Figure 4.2: Flowchart of storage algorithm applied to Connection Setup
4.2.3 Application of DyStoM to Radio Bearer Setup
The algorithm described in Figure 4.2 (case of Connection Setup) applies only when one 
configuration is exchanged between the UE and RNC. This is the case of the Connection Setup 
message, where only one configuration of either DL/UL 3.4 kbps or DL/UL13.6 kbps is always 
being exchanged. However, when it comes to data channel configuration there is more than one 
configuration to select. In fact, at each call setup the RNC might select one of many predefined 
[16] throughput configurations, e.g. DL384/ UL64 kbps, or DL64/UL32 kbps or any other 
throughput. The algorithm that allocates the throughput eonfiguration is vendor-specific. In 
general it takes as an input the radio conditions at the UE side, along with the congestion at the 
RNC and other criteria. As it is an RNC decision the UE does not know in advance which 
configuration it should receive. In this scenario, in one alternative the UE needs to send the 
ue_P_i_tag, coded in 7 bits, of all the predefined configurations so that the RNC knows which 
configuration is already stored at the UE. If there are 20 configurations implemented in the system 
then in the request message 20x7 bits of header are added to the size of the message. Keep in 
mind that in the standards [16] more than 20 configurations are defined. This would increase the 
size of the RRC uplink message that carries all of the ue_p_i_tag to the RNC. In order to 
overcome this problem four new parameters are introduced to DyStoM as follows: there are two 
at the UE side, each config inlbit & ue p tag max, and they are sent in the RRC Connection
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Setup Complete message. There are also two others at the RNC side, config id and 
rnc_p_tag_max, and they are sent together with the full size message in the RRC Radio Bearer 
Setup.
4.2.3.1 Role of new parameters
The parameter each config in 1 bit is coded in a number of bits and in such a way that every 
predefined configuration is represented by only one bit. There are two ways of doing this. If the 
number of predefined configurations is small like 20 then each config in 1 bit is coded in 20 bits. 
However, if  the number of configurations is very high, like 70 for example, then these 70 
configurations are divided into 4 groups. In that case each config in 1 bit is still coded into 20 bits 
and the first two bits would indicate which group is transmitted.
In all cases every bit in each config inlbit has two meanings, namely its value and its position. 
If its value is 1 then the corresponding ue_P_i_tag is equal to the value ue_P_tag_max, where the 
ue_P_tag_max is defined as being the highest value of all ue_P_i_tags. Otherwise, if the bit in 
each config in 1 bit is equal to 0 then the corresponding ue_P_i_tag is different from the 
u e p t a g m a x .
On the other hand, knowing the position of the bit in each config in 1 bit would tell the throughput 
configuration what it represents.
An example of each config in 1 bit is below:
OOlOIIOOOOlOlOOOOlllOl
The first two bits 00 indicate the first group of configurations.
The third bit from the left represents P_3 which is the first data configuration because P_1 & P_2 
are already reserved for signalling configurations, as described in section 4.2.2. In this chapter 
P_3 corresponds to the configuration of DL384AJL64 kbps. On the other hand, as the bit that 
represents p_3 is 1 in the example above, that means that ue_P_3_tag = ue_P_tag_max.
At the RNC side a new rule is defined, and it states that each tag of the me_p_i_tag should be 
equal at all times to the maximum value of the mc_P_i_tag represented by the mc_P_tag_max.
The config id parameter is defined at the RNC side and is coded in 7 bits, representing the 
identity of one of 128 configurations. For example, if config id = 0000001 it represents the first 
data configuration that is P_3 in this chapter. p_4 is represented by the config id = 0000010 and 
so on for the rest of P_i.
The full size message parameter has the same role as that in a Connection Setup.
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4.2.3.2 Rules
The mles on tag parameters for Radio Bearer Setup are exactly the same as those that are used for 
the generic method described in chapter 3 and for the Conneetion Setup mentioned in 4.2.2.2.
4.2.3.3 Algorithm flowchart
The flowchart of the algorithm for the Radio Bearer Setup is shown in Figure 4.3. In brief it is 
based on comparing the tag at UE with the tag at RNC. It is a direct application of the generic 
algorithm oi shown in Figure 3.10 in chapter 3, but it also takes into consideration the new 
parameters defined for the Radio Bearer Setup.
UE performs a call
No is ue_beta_tag_nnax 
^nc_beta_tag_m a>^
Yes
Nois bit of i in 
Zeach_config_inlbiC=4%
Yes
UE set bit of i 
in 'each_config_inlbit' = 1 
& set all other bits 
in 'each config in lb it' = 0
RNC sends: 
a_i & P_i; rnc_P_tag_max 
configjd of i & 
full size message = 1
UE reads received a_i 
& keeps 
ue_p_tag_max = 
rnc B tag max
RNC decides to give one 
configuration i; It then 
reads its corresponding 
bit in 'each config in lb it'
RNC sends 
config jd  of i; 
full_size_message = 0;
UE stores P J & 
set ue_p_i_tag = 
ue_p_tag_max 
= rnc 3 tag max
RNC sends: 
a_i & PJ; rnc_P_tag_max 
config jd  of i & 
full size message = 1
UE set only the bit of i 
in 'each_configJnlbit' = 1 
& leaves all other bits in 
'each config in lb it ' intact
Figure 4.3: Flowchart of DyStoM applied to Radio Bearer Setup
4.2.4 Measurements
In the previous sections the method of storing the P J  of two RRC messages is described. In this 
section, in order to estimate the gain of the applied storage method, the size and duration of these 
two messages is calculated in comparison to a commercial call.
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First the measurement setup is described then in the following paragraphs the size, then the 
duration of the two RRC messages studied in this section are calculated.
4.2.4.1 Measurements setup
In this thesis, the measurements setup is as follows; a Node B and an RNC are installed in a lab 
and they are connected to a Core Network connected to the live network of one operator. Both 
Node B and RNC are commercial, in other words they are running on the same hardware and 
software as the ones that are used in a live network. One power attenuator is connected to the 
antenna of each sector of the Node B. The attenuator could be used in different scenarios, e.g. to 
simulate bad radio conditions or to trigger a handover from one sector to another one. The tester 
could change the parameters on Node B and RNC via vendor specific language commands or via 
a GUI (Graphical User Interface). This could be done by connecting the Node B or RNC either 
via a PC (Personal Computer) or via the OSS (Operations Support System). For all the 
measurements performed in this research work, e.g. size or timestamps of the messages, the 
protocol analyser is connected between Node B and the RNC. Keep in mind that the protocol 
analyser could be connected at the UE side [1], [28] as well. Different commercial protocol 
analysers exist in the market e.g. Tektronix, Wireshark etc. Note that in addition to the 
commercial protocol analysers each vendor has their own version which is usually used for 
troubleshooting purposes. In this thesis the tests were performed in good radio conditions and a 
Tektronix protocol analyser was used.
lab
T ektron ix  
p ro to co l a n a ly s e r
Uu
R N ClubAir In te rfa c e C o re  N etw o rk
NodiU E
O S S  c lien t
Figure 4.4: Measurement setup
4.2.4.2 The size of RRC messages
Based on [9], each RRC message is composed of many parameters grouped into different IBs. The 
name of each IE of the Connection Setup and of the Radio Bearer Setup is listed in Table 4.1 and
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Table 4.2 respectively. One notices that they are grouped under either a_l or (3_1 in the case of 
the Connection Setup or under a_3 or p_3 in the case of the Radio Bearer Setup, as only 
DL384AJL64 kbps is studied in this chapter. After dividing the IE into one of the two groups: a_i 
or p_i, a R99 (release 99) PS call requesting a configuration of DL384/UL64 kbps is performed. 
Note that the measurements are set up as described in 4.2.4.1. The number of bits of each IE in the 
Connection Setup and in the Radio Bearer Setup is taken and the results are shown in Table 4.1 
and Table 4.2.
Table 4.1: Connection Setup message based on RRC [9]
DL-CCCH-Message 4 bits
Initial Ue Identity 72 bits
RRC transaction identifier 2 bits
New-URNTI 32 bits
a_l ul-Channel Requirement 57 bits
dl-Common Information 37 bits
dl-Information Per Radio Link list 54 bits
RRC State Indicator 2 bits
Utran-DRX-Cycle length coefficient 3 bits
Capability Update Requirement 3 bits
Srb-Information Setup list 372 bits
ul-Common Transport channel Info 50 bits
P_1 ul-AddReconfiguredT ransChlnfoList 53 bits
dl-Common Transport channel info 26 bits
dl-AddedReconfiguredTransChlnfolist 62 bits
Maximum Allowed UL Tx power 7 bits
a_l = 266 bits P_l=570 bits Total = 836 bits
Based on Table 4.1, according to RRC specification [9] the Connection Setup is sent on 836 bits. 
However, when the proposed algorithm is applied, only a_l equal to 266 bits in addition to 8 bits
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of headers are sent. The 8 header bits correspond to 7 bits for the mc_P_l_tag and to 1 bit for the 
fu llsizem essage.
Table 4.2: Radio Bearer setup message based on RRC [9]
DL-DCCH-Message 42 bits
RRC transaction identifier 2 bits
Activation time 8 bits
ul Channel Requirement 41 bits
a_3 dl-Information per Radio Link list 50 bits
RRC state indicator 2 bits
dl-Common Information 22 bits
modeSpecificPhysChnlnfo 2 bits
RAB information to setup list 121 bits
ul-common Transport Channel Info 190 bits
P_3 ul-AddReconfiguredTransChlnfoList 72 bits
dl-CommonTransChlnfo 80 bits
dl-AddReconfiguredT ransChlnfoList 87 bits
Maximum Allowed UL Tx power 7 bits
a_3 = 169 bits P_3= 557 bits Total = 726 bits
Based on Table 4.2, according to RRC specification [9], the Radio Bearer Setup is sent on 726 
bits. With the proposed method, only a_3 = 169 bits in addition to 15 bits of headers are sent. The 
15 bits of headers consist of the config id coded in 7 bits, the mc_P_tag_max coded in 7 bits and 
the full size message coded in 1 bit.
Measurements were not limited to these two messages only but were extended to all RRC 
messages exchanged during the call setup. Results are shown in Table 4.3 and Table 4.4, where 
the values of the second column ‘size’ and the third column ‘Channel type & RLC mode’ are 
taken from the protocol analyser. It should be noted that the Authentication Request and 
Authentication Response messages shown in Figure 4.1 are not shown in Table 4.3 and Table 4.4 
because the Authentication procedure is not performed with every call, it is performed every
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certain number of calls. This number is configured by the operator on the MSC (Mobile Services 
Switching Centre) equipment.
The size of the downlink messages are shown in Table 4.3, and those of the uplink messages are 
shown in Table 4.4.
Table 4.3: Size of RRC DL messages based on RRC [9]
Message name Size Channel type & 
RLC mode
Connection Setup 836 bits FACH, UM
Measurement Control 192 bits DCH, AM
Security Mode Command 120 bits DCH, AM
Radio Bearer Setup 726 bits DCH, AM
Activate PDP Context Accept 536 bits DCH, AM
Sum of size of DL messages 2410 bits
Table 4.4: Size of RRC UL messages based on RRC [9]
Message name Size Channel, 
RLC mode
Connection Request 116 bits RACH, TM
Connection Setup Complete 208 bits DCH, AM
CM Service request 136 bits DCH, AM
Measurement Report 88 bits DCH, UM
Security Mode Complete 72 bits DCH, AM
Activate PDP Context Request 1136 bits DCH, AM
Radio Bearer Setup Complete 56 bits DCH, AM
Sum of size of UL messages 1792 bits
Based on the results in the Tables above a summary of the gain in the message size of the 
Connection Setup, the Radio Bearer Setup and the sum of all RRC messages is shown in Table 
4.5.
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Table 4.5: Gain in the size of RRC messages
Size of message Based on RRC 
specification
[9]
Dynamic
Storage
Method
Saving in 
size
% Gain 
in size
Connection Setup
836 bits 266 bits 570 bits 69%
Radio Bearer 
Setup 726 bits 169 bits 557 bits 77%
Sum DL messages 2410 bits 1283 bits 1127 bits 53%
UL+DL messages 4202 bits 3075 bits 1127 bits 27%
4.2.4.3 Calculation of the duration of RRC message
The objective of DyStoM is to reduce the size of signalling messages. However, in UMTS 
reducing the size of the message on the air interface results in reducing its duration. This comes 
from the fact that every period of time is called TTI (Time Transfer Interval), and only a certain 
number of bits and of RRC signalling is sent on the air interface. Based on [16], the duration of an 
RRC message depends on four factors: message size, the type of RLC mode on which the 
message is sent, the type of radio channel carrying the message, and the signalling rate that is 
used. As a result, in order to calculate the duration of the message all four factors should be 
known.
The first two factors, message size and type of RLC, are already taken from the protocol analyser 
and are shown in Tables 4.3 & 4.4.
Radio channel: In UMTS there are two types of radio channels: common channels and dedicated 
channels. Each RRC message is sent on either one common channel or on one dedicated channel. 
In a call setup the first two RRC messages are sent on common channels, whereas all other RRC 
messages are sent on a dedicated channel.
Common channel means that few mobiles could share the same channel. There are two common 
channels, one in the uplink called RACH and one in the downlink called FACH. The Connection 
Request is sent on RACH, whereas the Connection Setup is sent on a FACH.
On the other hand the dedicated channel is called DCH (Dedicated Channel), and each user uses 
their own dedicated channel.
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Signalling rate: As mentioned above, in UMTS there are only two signalling configurations: 
DL3.4/UL3.4 kbps or DL13.6/UL13.6 kbps.
The duration of RRC messages is calculated in both cases.
• Case of 3.4 kbps
According to [16], with a signalling configuration of 3.4 kbps, for a DCH message that is sent on 
RLC AM, every TTI = 40 ms, one block carrying 128 bits of the signalling message is sent on the 
air interface, whereas for a message sent in RLC UM (Un-Acknowledged mode) every TTI = 40 
ms, 136 bits of the RRC message are sent on the air interface.
• Case of 13.6 kbps
In the case of an RRC message that is sent on a signalling configuration of 13.6 kbps, for both 
RLC modes (AM or UM) the number of bits that is sent every TTI is the same as in the case of
3.4 kbps, which is 128 bits for RLC AM and 136 bits for RLC UM. The only difference with the
3.4 kbps is that the TTI is 10 ms. As a consequence the same number of TTI is required to send 
the signalling message regardless of whether it is sent on 13.6 or on 3.4 kbps, but the duration is 
four times less.
• Calculations for dedicated channels
It follows that the duration of any RRC message using a DCH channel is calculated simply by 
dividing the size of the message by 128 or by 136 bits and then multiplying the result by the value 
of TTI.
Based on Table 4.3 and on RRC [9] the Radio Bearer Setup is composed of 726 bits and is sent on 
RLC AM, therefore by dividing 726 by 128 it follows that the message requires 6 x TTI, hence 
the duration of the message is 6><TT1= 6x40 ms = 240 ms.
When DyStoM is applied only 169 bits are sent and it follows that the duration of the message is 
(169/128) = 2xTTl.
For RRC messages sent on RLC UM (Un-Acknowledged Mode), for every TTI a block o f 136 
bits is sent on the air interface. By performing similar calculations to the ones performed for the 
Radio Bearer Setup the durations of all DCH messages are shown in Table 4.6 and Table 4.7.
• Calculations for common channels
On the other hand, in order to calculate the duration of RACH & FACH messages different rules
apply. According to [16], the Connection Request has a TTI equal to either 10 ms or 20 ms, and
unlike DCH channels the message should be fitted in one TTI only. The UE is informed about the
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value of TTI via system information sent on the air interface on the Broadcast Channel. In this 
chapter the TTI is 20 ms.
For Connection Setup, and always based on [16], for every TTI equal to 10 ms two RLC blocks of 
152 bits each are sent. It follows that the duration of the message based on a commercial call is 
836 bits/(2xl52), which requires 3xTTl=3xlO ms = 30 ms.
When DyStoM is used the duration of the message is calculated as 266 bits/(2xl52), which 
requires lxTTl=lxlO  ms =10 ms.
The duration of the downlink messages in terms of number of TTI is shown in Table 4.6, and 
those of the uplink messages in Table 4.7.
Table 4.6: Duration of RRC DL messages of a commercial R99 PS call
Message name Duration in number TTI
Connection Setup 3 x T T l  
(TTI = 10 ms)
Measurement Control 2 x T T l
(TTI = 10 or 40 ms)
Security Mode Command I x T T l
(TTI = 10 or 40 ms)
Radio Bearer Setup 6 x T T l
(TTI = 10 or 40 ms)
Activate PDP Context Accept 5 x T T l  
(TTI = 40 ms)
Sum of size o f DL messages Total duration:
= 590 ms (if TTI = 40 ms) 
= 320 ms (if TTI = 10  ms)
Table 4.7: Duration of RRC UL messages in a commercial R99 PS call
Message name Duration in number TTI
Connection Request TTI = 10 or 20 ms 
Only 1 X TTI is sent
Connection Setup Complete 2 x T T l
(TTI = 10 or 40 ms)
CM Service request 2 x T T l
(TTI = 10 or 40 ms)
Measurement Report I x T T l
(TTI = 10 or 40 ms)
Security Mode Complete I x T T l
(TTI = 10 or 40 ms)
Activate PDP Context Request 9 x T T l
(TTI = 10 or 40 ms)
Radio Bearer Setup Complete I x T T l
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(TTI = 40 ms)
Sum of size of UL messages Total duration:
- 660 ms (if TTI = 40 ms) 
= 210 ms (if TTI = 10  ms)
• Gain
In the case of 3.4 kbps, the gain in the duration of the two studied RRC messages and the gain of 
the sum of all DL and UL messages are shown in Table 4.8.
Table 4.8: Gain in the case of 3.4 kbps
Duration in Time R99 PS
commercial call: 
(3.4 kbps)
Dynamic Storage 
Method
Saving in 
Time
Gain in 
time (%)
Connection Setup 30 ms 10 ms 20 ms 67%
Radio Bearer Setup 240 ms 80 ms 160 ms 67%
Sum DL messages 590 ms 410 ms 180 ms 30%
Sum UL messages 660 ms 660 ms 0 ms 0%
UL+DL messages 1250 ms 1070 ms 180 ms 14%
In the case of 13.6 kbps, the gain in the duration of the two studied RRC messages and the gain of 
the sum of all DL and UL messages are shown in Table 4.9.
Table 4.9: Gain in the case of 13.6 kbps
Duration in Time R99 PS
commercial call: 
(13.6 kbps)
Dynamic
Storage
Method
Saving in 
Time
Gain in 
time (%)
Connection Setup 30 ms 10 ms 20 ms 67%
Radio Bearer Setup 60 ms 20 ms 40 ms 67%
Sum DL messages 320 ms 260 ms 60 ms 19%
Sum UL messages 210 ms 210 ms 0 ms 0%
UL+DL messages 530 ms 470 ms 60 ms 11%
4.2.4.4 Discussions 
• Case of DL
It would be interesting to use DL 3.4 kbps instead of 13.6 kbps. This could reduce the 
transmission power, which is a factor of throughput. Higher throughput means higher Node B 
power amplifier consumption.
Based on [16], the 13.6 kbps in DL is much quicker than the DL 3.4 kbps due to smaller TTI.
However, based on the results of the DyStoM, in DL on 3.4 kbps, the sum of the duration o f all 
DL messages is 410 ms, whereas it is 320 ms in the case of a commercial call at 13.6 kbps. As
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the duration is not big, around 100 ms, as a suggestion DL 3.4 kbps with DyStoM would be a 
recommended solution.
• Case of UL
DyStoM is not used in UL. As the results in Table 4.8 and Table 4.9 show, the duration of the 
sum of all UL messages in the case of 13.6 kbps (210 ms) is very much smaller than in the case of
3.4 kbps (660 ms). That difference mainly comes from the big duration of one UL message, which 
is the Activate PDP Context Request [29].
As a consequence two suggestions are made:
Apply the DyStoM on the Activate PDP Context Request in order to largely reduce its size and 
hence its duration. This is a subject of future study.
Alternatively we can use the following new combination with a signalling rate of DL 3.4 kbps 
with DyStoM and UL 13.6 kbps. In that case, nothing is changed in the UL in comparison to the 
actual commercial call; however in the DL, with less power consumption, DL 3.4 kbps is used 
with DyStoM with the same efficiency in terms of message duration as in the case of 13.6 kbps 
used without DyStoM.
4.3 Using DyStoM to memorize a whole message on an ‘Open 
Interface’
4.3.1 Introduction
In the previous section DyStoM, and in particular the ‘Open Interface’ algorithm oi, was used in 
order to store part of a signalling message. In this section another application of the ‘Open 
Interface’ method to one particular UMTS message, RRC [9] Measurement Control (MC), is 
proposed. Two Algorithms are described. One deals with the MC message whenever it is sent 
during the call setup and the other one deals with the message whenever it is sent during a soft 
handover procedure. The purpose of these two algorithms is to avoid sending MC on every 
occasion, as is the case in RRC specification [9].
Note that MC is defined in [9] and is used to set up, modify or release different types of 
measurements on the UE. An MC message contains a measurement identity, a measurement 
command (setup, modify and release), and obviously it contains all of the parameters required by 
the UE to make measurements like types of measurements, thresholds, a list of neighbouring cells, 
and time to trigger etc. It is always sent during the UMTS call setup, and that is subject to
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algorithm 1. It is also sent in other scenarios, e.g. during handover, and that is the subject of 
algorithm!.
There are different types of measurements in UMTS that are defined in the standards, e.g. intra­
frequency, inter-frequency, and inter-system (like towards GSM) etc. Note that in the literature 
there are other scenarios which are not defined in the standards where the MC message is used. 
Following is a list of some examples of use: in [30] it is used to filter a neighbouring cell list 
containing cells with different frequency bands depending on the UE capacity and on the priority 
of the frequency bands. For example, where the UE capacity does not include GSM then no GSM 
neighbours are sent to the UE in the corresponding MC message. In [31] it is used to send a 
filtered neighbouring cell list based on authorized neighbouring networks, e.g. PLMN (Public 
Land Mobile Network), that are defined in the subscription database of the mobile phone user. In 
[32] the RNC uses the MC message to request the battery level of the UE in order to allocate the 
correct throughput rate for the call. For example, for a reported low battery level the RNC 
allocates a low throughput configuration to the UE as high throughput requires higher power 
consumption.
However, in this chapter only MC that is defined in the standards is described, even though the 
same method could apply to many, if not all, cases where MC is sent with measurements not 
defined in the standards, e.g. UE reporting its battery level consumption. When the RNC decides 
to set up any of these measurements it sends one corresponding MC message to the UE. For each 
type of measurement one MC message is sent, and the UE reports the measurement to the RNC 
either periodically or based on events. The choice is given by the RNC. Keep in mind that 
measurements based on events are the ones that are usually used by operators and are the ones 
studied in this chapter.
Measurements based on events are grouped into different categories, and each time the UE sends 
an event via an RRC Measurement Report (MR) a predefined reaction to that event is triggered by 
the RNC. Only a few examples of events are described in this chapter, however the method 
applies similarly to all other events.
An example of MC sent during call setup is the case of Intra-Frequency (Intra-F) events: Events 
lA, IB, 1C & ID. The role of each of the Intra-F events is described later in this chapter.
4.3.1.1 Plan of this section
The description of algorithm 1 and its gain in comparison to actual UMTS standards is in 4.3.2. 
The description of algorithm! and its gain in comparison to actual UMTS standards is in 4.3.3. In
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both cases the proposed idea consists of storing the contents of the MC during the first call in 
order to avoid sending them in the following calls. A summary is in section 4.5.
To the best knowledge of the authors there is no algorithm in the literature that avoids sending the 
MC during a first call in order to avoid sending it in the following calls. Note that algorithm 1 is 
used as an input for algorithm!.
4.3.2 Algorithml
In this section the flowchart and parameters of algorithml are described.
4.3.2.1 Parameters of Algorithml
Algorithml is just an application of the DyStoM ‘algorithm oi’ that is described in chapter 3, 
where in addition to the tag parameters, as defined in algorithm oi two additional parameters, 
meas control send & meas control id are defined.
In this chapter the tag at UE is called tag ue meas [0, 255] and the tag at RNC is called 
tag mc meas [1, 255]. For each measurement identity one corresponding tag is defined. The rules 
on these tags are the same as described in chapter 3.
meas control send is defined at the RNC side and takes the value of 0 or 1. If the value of this 
parameter is 1 the UE should wait for the MC message. If the value is 0 then the UE should not 
expect an MC message.
meas control id represents the identities of the MC messages to be stored. In fact, for every type 
of measurement, e.g. intra-frequency (IntraF), inter-frequency (InterF) or GSM or others, an MC 
message is sent with a specific identity. In this thesis this parameter is coded in 2 bits, and it 
works as follows:
If it is 00 that means there is no MC message that is stored at the UE.
If it is 01 that means there is only one MC message that is stored at the UE, and that one is the 
MC carrying IntraF measurements configuration. In this case only one tag ue meas 
corresponding to the MC of IntraF is sent.
If it is 10 that means there are two MC messages that are stored at the UE. By definition the first 
one is for the MC carrying IntraF, and the second one is for the MC carrying InterF. In this case 
two tag ue meas are sent. The first one represents the MC for IntraF and the second one 
represents the MC of InterF.
If it is 11 that means there are three MCs that are stored at the UE. The first two are for IntraF and
InterF, and the third one is for GSM configuration measurements which are represented by event
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3a configuration. For simplicity, only the case of meas control id = 01 is studied. An example is 
shown in Figure 4.5.
tag_ue_m eas fo r  IntraF
'+6foooiioi
m eas c o n tro l id
, tag_ue_m eas fo r  In te rF
1000011101110011
Figure 4.5: Example of meas control id
4.3.2.2 Description of algorithml
The newly defined parameters are added to the actual RRC specifications as shown in Figure 4.6: 
tag ue meas & meas control id are added to the actual RRC Connection Request, while 
meas control send & tag mc meas are added to the actual RRC Connection Setup. As a 
consequence algorithml works after having exchanged all four new parameters between UE and 
RNC. In Figure 4.6 this occurs after the reception of the Connection Setup by the UE. This is a 
valid solution as the MC message is always sent after the Connection Setup message.
Start of Measurement in prior articles [9, lO]
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UE Node B RNC
UEmeas
RRC Connection Reque 3t (tag_ue_meas & meas_control_id)
RRC Connection Setup
NBAP Radio Link Setup
NBAP Radio Link Setup Response
meas_control_send & tag_rnc_meas)
RRC Connection Setup '
NBAP Radio Link Restore Indication
Complete
RRC Measurement Cont rol (events: 1 A, IB, 1C. ID)
RRC Measurement Coni rol (events: 2D, 2F)
Measurements durât on at UE side
t1
t2 i 
t3
200 ms 
- 100 ms
, UE starts measurements 
at t4 for 1 MC & at t4’for 
2"d MC
Figure 4.6 Start time of UE measurements in prior articles [9,10]
In Figure 4.6, a part of the UMTS call setup procedure is shown as used in the standards. That is 
the part of the call setup that is relevant to algorithml, and it is composed of all messages starting 
from the Connection Request up to the Measurement Control message. On the other hand, only 
RRC and NBAP protocols are shown as no other protocols are affected by algorithml. In that 
figure the RNC sends the first MC at t4, called MCI,  in order to configure the UE with all IntraF 
events, e.g. events lA, IB, 1C & ID. Note that in addition to the IntraF configuration MCI 
contains the list of neighbours of the serving cell where the call is performed. The RNC also sends 
another MC, called MC2, in order to configure the UE with events 2D and 2F. Note that event 2D 
is triggered whenever the quality of the received radio link at the UE side becomes largely 
degraded below a certain threshold 2D. Event 2F is triggered whenever the quality of the radio 
link at the UE side becomes above a certain threshold 2F where threshold 2D is smaller than 
threshold 2F. Both thresholds, as well as all of the other thresholds of other events, are set by the 
operator via the OMC (Operation and Maintenance Centre).
Based on RRC protocol specification [9] the UE can start a measurement only when it receives 
the corresponding MC that carries the configuration of that measurement. In the standards it is not 
indicated when exactly the RNC needs to send the MC, e.g. immediately after receiving 
Connection Setup Complete, or later after a predefined period of time. This is left to vendor 
implementation. Keep in mind that Connection Setup Complete indicates on one hand that the UE 
has successfully configured a dedicated radio channel for signalling, and on the other hand it
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indicates the measurement capabilities of the UE, e.g. UE can do GSM measurements or inter 
frequency measurements etc.
Saying that, vendors prefer to send all MCs at once after the RNC receives the Connection Setup 
Complete. This is translated in Figure 4.6 by the following: immediately after the RNC receives 
Connection Setup Complete the RNC sends two MC messages one after the other at times t4 & 
t4’. In practice t4’, t4’ and t3 occur almost at the same time. We consider that the time of 
propagation on the air interface is negligible as the signal travels at the speed of light. That means 
that the UE receives the first and second MC at respective times of their transmission t4 & t4’ and 
then it is able to start corresponding measurements. In the following paragraphs only the first MC 
carrying intraF is considered. In that case the UE starts measurements at t4.
• Start of measurement with new method
With the proposed method MC is stored at UE during the first call and is not sent during the 
second and following calls. As a result the UE can read stored configurations and start 
measurements in advance to the time stated in the standards [9].
In Figure 4.7 this occurs at the time the RNC sends the Connection Setup. The reason for that is 
that the UE knows via the meas control send message whether a new MC is being sent or not. In 
case no MC is to be transmitted then the UE reads the stored measurement at time t l ,  which 
corresponds to the time of the transmission of the Connection Setup. The gain in comparison to 
the standards [9, 10] would be equal to t4 - tl where t4 is shown in Figure 4.6.
UE Node B RNC
UEmeas-
Measureme
RRC Connection Reques (tag_ue_meas & meas_controi_id)
RRC Connection Setup (r
NBAP Radio Link Setup
NBAP Radio Link Setup Response
ieas_controi_send & tag_rnc_meas)
RRC Connection Setup C
NBAP Radio Link Restore indication
ompiete
its duration at UE
With the new method UE 
starts measurements at t1
- 200 ms 
100 ms
Figure 4.7: Start time of UE measurements with the proposed method
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•  Flowchart of algorithml
The flowchart of algorithml is shown in Figure 4.8. The RNC compares the value of the received 
tag ue meas in the Connection Request with the value of tag mc meas.
If they are different the RNC sets the meas control send = 1 in the Connection Setup, 
and then later it sends an MC message.
If they are equal the RNC sets the meas control send = 0 in the Connection Setup and the 
UE does not expect an MC message.
Keep in mind that based on the mles of the tag described in chapter 3, during the first call on a 
new cell tag ue meas is initially equal to 0 at the UE side, whereas the tag mc meas of the cell x 
is > 1 on the RNC side. Therefore, during the first call as tag ue meas # tag mc meas, the RNC 
sends the MC. When the UE receives the MC it sets tag ue meas = tag rcn meas = 1. As a 
consequence, for all of the following calls, as long as tag ue meas remains equal to the 
tag mc meas the RNC does not send an MC message.
UE performs a call
YesAt RNC 
is tag_ue_meas= 
tag_rnc_meas?
No
UE sends in Connection Request 
the value of tag_ue_meas
UE expects Measurement Control then 
stores its contents & set 
tag_ue_meas = tag_rnc_meas
RNC sends in Connection Setup 
meas control to send=1
UE does not expect Measurement 
Control but reads the stored contents from a 
previous call
RNC sends in Connection Setup 
meas control to send=0
Figure 4.8: Flowchart of storage algorithm on Measurement Control during call setup
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4.3.2.3 Measurements
In Figure 4.6, tl  corresponds to the timestamp at RNC when the Connection Setup is sent. On the 
other hand, the Radio Link Restore Indication is received at t2. MC is sent immediately after 
receiving the Connection Setup Complete that is at t4.
From field measurements we know that t2 -  tl  is around 200 ms and t3 - 12 is around 100 ms. 
These measurements are performed as described in 4.2.4.1 via a protocol analyser inserted at the 
RNC side, where few call setups were triggered.
• Starting time for UE measurements in prior articles [9]
The UE could start measurements after receiving MC that is at t4. MC is sent at t4 and received at 
UE at t4, as the delay on the lub and on the air interface is considered null. Ec/No [33] and/or 
RSCP [33] are two measurements that are used for Intra frequency and for other events. In order 
to perform Ec/No or RSCP measurements, based on specification [34] the UE spent a period 
called UEmeas in this thesis.
It follows that based on UMTS protocols [9, 10] the UE could perform a first measurement at the 
earliest occasion at:
tpriorart = t4 + UEmeas (1)
As t4 is practically equal to t3, (1) becomes:
tpriorart = t3 + UEmcas (2)
• Starting time for UE measurements with the new method
With the new method, as the MC contents are stored from a previous call the UE reads 
meas control send in the Connection Setup. If 1, it reads the measurement configuration from the 
stored MC. As a result the UE can start measurements at t l .  It performs measurements for 
UEmeas before sending any Measurement Report.
tnew = t l  + UEmeas (3)
Based on (2) & (3) the gain is then:
tpriorart -  tnew = (t3 + UEmcas) -  (tl + UEmcas) = t3 -  t l  = 300 ms.
Even though UEmeas is not included in the gain calculations, for information and based on [34] 
UEmeas is equal to 200 ms.
On the other hand, as the MC message is sent on RLC AM, that means that in bad radio 
conditions every RLC block that is not well received by the UE will be re-sent by the RNC.
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Obviously RLC retransmission will cause delays for the reception of the whole MC message. 
With the new method, by skip sending the MC message and in case the UE is located in bad radio 
conditions, retransmission of the MC message is avoided. That is another benefit of the new 
method.
4.3.3 Algorithm!
4.3.3.1 Measurement Control in soft handover procedure
The soft handover procedure is based on Intra-Frequency measurements and consists of having 
one UE and one RNC communicating with each other by sending the same data simultaneously 
on a few radio links belonging to the same or to different Node Bs. These simultaneous links form 
what is called the Active Set. The best cell, e.g. the one that has the better radio link quality, in the 
Active Set is called the Primary cell. The algorithm that adds and removes a radio link from the 
Active Set is not defined in the specification, therefore each vendor uses its own algorithm. 
However the basic idea is as follows: when the UE is on call it performs radio measurements, e.g. 
radio received quality (RSRP), radio received quality (Ec/No) etc., of the serving cell and its 
neighbours and sends them to the RNC via an RRC Measurement Report message. If the 
measured Ec/No of any neighbour cell is greater than an absolute threshold, like in the case of 
event IE, or if it is greater than the Ec/No of the primary cell by a certain threshold such as the 
case of event 1 A, then this link is added to the Active Set. On the other side whenever a link in the 
Active Set becomes less than an absolute threshold, event IF, or if it is less than the best cell by 
another threshold such as the case of event IB, then this link is removed from the Active Set.
As the UE moves around, the radio received level and the radio received quality of the cells in the 
Active Set and the neighbouring cells, change. Some cells are added to the Active Set, whereas 
others are removed.
When a cell becomes better than the actual Primary cell, e.g. it has better radio quality for a 
certain predefined duration, then this new cell becomes the new Primary cell. When this occurs 
the UE notifies the RNC by sending a specific Measurement Report called event ID. Once the 
RNC receives that event it sends an MC message that contains the neighbouring cell of the new 
Primary cell as shown in Figure 4.9.
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U E  R N C
R R C  M e a s u re m e n t R ep o rt (e v e n t 1 D )
R R C  M e a s u re m e n t C ontro l (list o f n e w  ne ighbor)
Figure 4.9: Primary cell change procedure
When certain conditions are met it is the objective of algorithm! to avoid sending the MC of 
event ID by storing its contents from previous soft handover procedures. This could be done in 
the following way: during each call setup on a cellx the UE stores the contents of the MC 
message, which means that in addition to the intra frequency measurements configuration it stores 
the neighbouring cells of cellx. That is in fact the objective of algorithml, as described in section 
4.3.2. Suppose that the UE has already performed a call setup on three cells: celll, cell! & cell3. 
That means that the UE has already stored the neighbours of all three cells and has already 
updated the value of the t a g u e m e a s  & t a g m c m e a s  accordingly based on algorithml. Suppose 
that at a later time the UE camped on celll sends an event ID saying that cell! has become a 
primary cell. In that case, as the neighbours of cell! were already stored at the UE side during a 
previous call setup at cell! then there is no need for the RNC to send an MC with the list of 
neighbours of cell!.
4.3.3.2 Definition of parameters used in algorithm!
For every cell to be added to the Active Set, based on actual UMTS standards [9, 10], a procedure 
shown in Figure 4.10 is triggered. It works as follows: the UE sends an event lA  Measurement 
Report with the identity of the cell to be added, then in order to add that new cell on Node B and 
UE the RNC sends an NBAP Radio Link Setup Request message and an RRC Active Set Update.
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UE N ode B RNC
A ir  in te rface
tag_ rnc_m eas  
RR C  M easu rem en t Ri sport: even t 1A  o r 1F (tag_ue_m eas)
R R C  A ctive  S e t Upda
N B A P  R adio  L ink S e tup  R equest
N B A P  R adio  L ink S e tup  R esponse
te
R R C A ctive  S e t Upda te C om p le te
Figure 4.10: Adding a cell to Active Set in a standard Soft Handover procedure
With the proposed algorithm!, during the standard soft handover procedure, the UE sends the 
value of the tag ue meas of the cell to be added. If the cell to be added is a new cell, that is the 
first time the UE passes by that cell, then the tag ue meas is 0. Otherwise the UE sends the latest 
value of the tag ue meas exchanged during the last call setup on that cell and the RNC then 
stores the reported tag ue meas of the cell to be added and compares it with tag mc meas o f that 
cell. Suppose that at t l ,  the Active Set contains celll, cell! and cell3. Suppose that at t !  > t l ,  
tag mc meas of cell! has changed. As the procedure of adding cell! to the active set was already 
performed at t l ,  no more signalling procedures to add cell! are performed. As a consequence and 
in order to communicate with all UE in cell! about tag mc meas change, in one proposed 
method, the RNC sends tag mc meas of the new cell on the air interface via one RRC 
broadcasted System Information (SI). In that case the same procedure used in RRC protocol 
specification [9] for communicating a change in one parameter of SI for all UE in a cell applies. 
The UE then reads that tag mc meas from one broadcasted SI and compares it with the latest 
tag ue meas stored at the UE side. This is done so that the UE knows in advance if  an MC 
message is sent or not in case an event ID occurs. Both the UE and RNC store the result of that 
tag comparison in a temporary table that is removed after the call is released. At any time, while 
the UE is moving around during the same call, if event ID occurs on a particular cell then the UE 
and RNC look in the temporary tables at the result of the tag comparison for that cell. If both tags 
were equal the UE does not expect MC messages with a new list of neighbours and RNC does not 
send the MC anyway. The flowchart of that algorithm is described in the next paragraph.
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4.3.3.3 Flowchart of algorithml
The flowchart of algorithm! is shown in Figure 4.11.
UE is on call
No No further actionEvent 1Aor 1E?
Yes
No No further actionEvent 1D?
Yes
NoIs tag_ue_meas = 
tag_rnc_meas?
Yes
UE Is always updated with latest tag_rnc_meas 
value & It sends tag_ue_meas to the RNC In 
RRC Measurement Report message.
RNC stores the received tag_ue_meas In a 
temporary table.
1- UE reads stored Measurement Control 
2- RNC does not send Measurement Control
1- UE expects Measurement Control
2- RNC sends Measurement Control
Figure 4.11: Flowchart of storage algorithm on Measurement Control sent during event ID
Note that Algorithm! works in cases where measurement report messages are sent based on an 
event. In case measurements reports are sent periodically then another algorithm should be 
studied. The performance of the system in case an RRC Measurement Report is sent based on an 
event or on a periodical interval is studied in [35]. Saying that, most, if  not all, operators use the 
measurements based on an event.
4.3.3.4 Gain of algorithml
Different timestamps representing different steps in the event ID procedure are illustrated in 
Figure 4.1!.
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UE
■ tl
. t2 ^
t4
t1 : Event 1D decision at UE
t2-t1 : duration of composition 
, , - ' " " b f  Measurement Report
RNC
RRC Measurement Report (event 1D)
RRC Measurement Control (list of new neighbor)
t2
t3: decision at RNC to 
/'send MC
Kt3
^t4
Time to travel between UE and RNC 
is null -> t2 & t4 are same at UE & RNC
t4-t3: duration of 
composition of MC
Figure 4.12: Activation time of Measurement Control with proposed method
The objective of algorithm 2 is to activate the ‘stored’ contents of MC at the time that event ID 
was triggered at the UE side. In Figure 4.12 this is represented by t l.  Note that t2 corresponds to 
the timestamp in the Measurement Report and not to the decision about when event ID was 
triggered. This is due to the fact that in order to send any RRC message in UMTS there is a period 
of time required for the composition of that message. The duration of that message composition is 
described in the next two paragraphs.
Based on RRC [9] the contents of MC are activated at the time the UE receives the message. This 
is represented by t4 in Figure 4.12.
It follows that the gain is t4 -  tl  (4)
t l  could be deduced from t2 by calculating the duration of the composition of the Measurement 
Report message.
tl  = t2 -  (composition duration of Measurement Report) (5)
• Calculation of the composition duration of the RRC Measurement 
Report
In UMTS, each piece of information to be sent on the air interface needs to wait in the equipment 
for a certain period of time, called TTI, before being sent on the air interface. According to [16], 
the number of TTI required to send an RRC message is calculated once the following three pieces 
of information are known: the size of the message, the type o f RLC (Radio Link Control) [2] 
mode and the signalling rate.
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Regarding the signalling rate, in UMTS all RRC messages exchanged after the call setup, and 
particularly after the Radio Bearer Setup, are sent on a rate of DL 3.4 kbps & UL 3.4 kbps. This is 
the case of the Measurement Report that is studied, which is sent on RLC UM (Unacknowledged 
Mode). Based on [16], for a signalling rate of DL/UL3.4 kbps, and in the case of an RLC UM 
mode, every TTI is equal to 40 ms and 136 bits of the RRC message contents are sent on the air 
interface.
• Measurements
A protocol analyser is inserted at the RNC side as described in 4.2.4.1, then the size of the 
Measurement Report message and its RLC [2] mode are measured and shown in Figure 4.13. In 
addition, the timestamps of the Measurement Report carrying the event ID and of the Control 
Message carrying the list of neighbour cells are also shown in the same Figure.
UE RNC
timestamps at RNC side
t4
RRC Measurement Report (event 1D. 200 bits. RLC UMl
^R C  Measurement Control (list of new neighbor)
t2 = 15:22:06:735 
^t3
^ t 4  = 15:22:06:850
Figure 4.13: Calculation of duration of event ID procedure
Based on Figure 4.13 the size of the Measurement Report is 200 bits. By dividing 200 bits by 136 
bits, taking the integer rounding as the TTI could not be divided, it follows that the number of 
TTI required to compose the Measurement Report is equal to two TTIs. Therefore the duration of 
the composition of the Measurement Report is then 2xTTI = 2x40 ms = 80 ms. As a result:
tl  = t2 - 80ms = 15:22:06:735-80= 15:22:06:655 (5)
It follows that the gain is:
t4 -  tl  = 15:22:06:850 -  15:22:06:655 = 195 ms (4)
As a result, the UE gains 195 ms of measurements on neighbours in comparison to the standard 
method [9, 10].
Note that the t3 shown in Figure 4.13 corresponds to the time the RNC starts the composition of 
Measurement Control. In order to get the gain of algorithm2 that is t4-tl, the calculation o f t3 is 
not required. t3 is only shown in order to put into evidence the fact that every RRC message needs 
a time of composition, regardless of whether it is sent by the RNC or the UE.
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4.4 Using DyStoM to Memorize part of a Signalling Message on 
a ‘Closed Interface’
4.4.1 Introduction
In sections 4.2 & 4.3 the application of an ‘open interface’ DyStoM algorithm to two different 
UMTS procedures was described. In this section the application of a ‘closed interface’ algorithm 
to two NBAP messages is described.
As shown in the Appendix in Figure A.4 & A.7 respectively for a R99 packet switch call and for a 
speech call, during the UMTS call setup the RNC exchanges a few signalling messages with the 
Node B via the NBAP protocol and with the UE via RRC protocol. In particular, the RNC first 
sends the configuration of the signalling channel to Node B via the NBAP Radio Link Setup 
Request and then to the UE via the RRC Connection Setup message. Later, in the same call setup 
procedure the RNC sends the configuration of the data channel to Node B via the NBAP Radio 
Link Reconfiguration Prepare and then to the UE via the RRC Radio Bearer Setup message.
In prior articles [9, 10] the RRC and NBAP messages that carry the configuration of the signalling 
and data channels are coded in a large number of bits, and every time the UE performs the same 
type of call, like a voice call, the same configuration of signalling and data channels as defined in 
the specifications [9, 10], are sent over again and again. That is why the DyStoM method is 
proposed in order to avoid the repetition of the NBAP information and hence reduce the NBAP 
message size.
In the literature, apart from protocol specifications there is not enough work on NBAP 
messages, and to the best knowledge of the authors there is no storage method that is used to 
reduce the size of NBAP messages. One reason for this could be that NBAP is used between 
Node B and RNC which is a closed interface, and in practicality every vendor uses its own 
version of that protocol.
4.4.1.1 Plan of this section
In section 4.4.2 the application of DyStoM to NBAP is described. In section 4.4.3 results of the 
measurement are shown, with a summary in section 4.5.
4.4.2 Dynamic Storage method on NBAP
In this section, algorithm ci described in chapter 3 and illustrated in Figure 3.12 is applied to two 
NBAP messages. For that purpose each NBAP message is divided into two parts, called a_i &
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P_i. In addition to this, one parameter called message type i is defined at the RNC. Keep in mind 
that a_i is composed of the parameters whose values change with every call, whereas P_i is 
composed of the parameters whose values remain the same with every call. In this chapter the 
value of i in a_i & P_i varies between 1 and 128, where each value corresponds to a specific 
UMTS configuration as defined in [16]. For i=l, a_l&  P_1 correspond to the first signalling 
configuration that is DL3.4/UL3.4 kbps. For i=2, a_2 & P_2 correspond to the second signalling 
configuration that is DL13.6/UL13.6 kbps. For i=3, a_3 & p_3 correspond to the configuration of 
a PS (Packet Switch) DL384/UL64 kbps.
In the following sections 4.4.2.1 and 4.4.2.2 the parameters of a_i & P_i of the Radio Link Setup 
and Radio Link Reconfiguration Prepare are identified.
4.4.2.1 Composition of a i & p_i for Radio Link Setup Request
The Radio Link Setup Request message carries one of two predefined signalling configurations 
(DL/UL 3.4 kbps or DL/UL 13.6 kbps), and according to [10] it is composed of all of the 
elements listed in the second column of Table 4.10. Each element is called an Information 
Element (IE) and is part of either a_l or (31 depending on whether the value of the parameters of 
the IE changes with every call or not.
Table 4.10: a_i & p_i for Radio Link Setup Request
Radio Link Setup Request
Message Type & Message
a_l
Discriminator
Transaction Id
CRNC -Communication Context id
RL -Information List
UL-DPCH Information
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DL- DPCH Information
p 1
DCH FDD Information
•  Example of parameters of one IE of a_l
Some parameters of IE ‘UL-DPCH Information’ are shown in Figure 4.14. This IE is part of 
a_ l because at least one of its parameters, the UL scrambling code, noted in the figure below as 
‘uL-ScramblingCodeNumber’ is unique for each user and changes with each call. This example is 
taken via a protocol analyser from a commercial call as described in 4.2.4.1.
value UL-DPCH-lnformation-RL-setupRqstFDD : 
ul-scramblingcode
uL-ScramblingCodeNumber 3598511, 
uL-scramblingcodeLength long 
mi nuL-channeli s a t i oncodeLengtn v64, 
ul-PunctureLimit 15, 
tFCS
tFCSvalues no-sp lit-in -T FC l : 
cTFC ctfcm axbit : 0, 
tFC-Beta signalledGainFactors : 
gainFactor fdd : 
betac 15, 
betaD 15 
cTFC ctfcmaxbit : 1, 
tFC-Beta signalledGainFactors : 
gainFactor fdd : 
betac 11, 
betaD 15
Figure 4.14: Example of parameters of one IE of a 1
Another example of parameters of an IE, which is part of (31, is ‘DL-DPCH Information’ and 
this is shown in Figure 4.15 where two instances of the same IE are shown. One instance 
corresponds to one vendor, vendor 1, and the other instance corresponds to another vendor, 
vendor 2. This example is taken via a protocol analyser from a live network of two different 
vendors in order to show how each vendor uses its own configuration.
value DL-DPCH-lntormation-RL-setupRqstFDD : va lue  DL-DPCH-lntormation-RL-setupRqstFDD :
tFCS
tFCSvalues no-split-in-TFCl : 
CTFC ctfcmaxbit : 0 
CTFC ctfcmaxbit : 1 
dl-DPCH-slotFormat 8, 
tFCl-signallingMode 
tFCl-signallingOption normal 
multiplex!ngposition fixed, 
poweroffsetlnformati on 
pol-ForTFCl-Bits 0, 
P02-F0PTPC-Bits 24, 
p03-ForPilotBits 0
Vendor 1
tFCS
tFCSvalues no-split-in-TFC i : 
CTFC ctfcmaxbit : 0 
cTFC ctfcmaxbit : 1 
dl-DPCH-slotFormat 8, 
tFCl-signallingMode 
tFC l-signallingoption  normal 
multi p iexingposition fixed , 
poweroffsetlnformati on 
pol-ForTFCl-Bits 0, 
po2-ForTPC-Bits 12, 
po3-ForPilotB its 12
Vendor 2
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Figure 4.15: Example of parameters of one IE of p i
Note that within the same vendor, vendor 1 or vendor 2, the values of the parameters of that IE in 
the example remain the same with every call, and that is why it is part of p_l until the time when 
the operator decides to change the value of one parameter, e.g. p02-ForTFCI-Bits.
4.4.2.2 Composition of a i & p i in case of Radio Link 
Reconfiguration Prepare
A Radio Link Reconfiguration Prepare message carries the user data configuration. According to 
[10] the message is composed of all lEs listed in the second column of Table 4.11, then each IE is 
listed under a_i or under (3_i where i represents one particular configuration, e.g. DL 384/UL 64 
kbps.
Table 4.11: a i & p i for Radio Link Reconfiguration Prepare
Radio Link Reconfiguration Prepare
Message Type & 
Message Discriminator
a_i
Transaction Id
Node B Communication Context ID
RL information
UL- DPCH Information
P_i
DL- DPCH Information
DCH FDD Information
4.4.2.3 Definition of message type i
On every cell of the network and beside every type of configuration p i, a message type i 
parameter is defined. This parameter takes the value of 0 or 1, as shown in Table 4.12 and Table 
4.13.
If the value is 0 it means that P_i is not sent in an NBAP message. In that case only one part of the 
message, a_i, is sent.
If the value is 1, it means that (3_i is already sent in an NBAP message. In that case the complete 
message, a_i & p_i, is sent.
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Note that a_i is always sent because a_i is never stored as it contains parameters that change with 
every call.
Table 4.12: message type 1 for Radio Link Setup Request
P i (i=l or 2) Configurations sent in Radio Link Setup Request
On every cell of the RNC
P_i with i = [1,2] message type i
p_l: Signalling DL3.4/UL3.4 kbps 0 or 1
P_2: Signalling DL13.6/UL13.6 kbps 0 or 1
Table 4.13: message type i for Radio Link Reconfiguration Prepare
P_i (i=3 toi 28) Example o f  some configurations sent in the Radio 
Link Reconfiguration Prepare
On every cell of the RNC
P_i with i = [3,128] message type i
P_3: PS DL384/UL64 kbps 0 or 1
P_4: PS DL128/UL64 kbps 0 or 1
P_5: PS DL64/UL64 kbps 0 or 1
P_33: Speech Call DL12.2/UL12.2 kbps 0 or 1
P_128: two simultaneous type of calls 
like a Speech call DL12.2/UL12.2 kbps 
+ Streaming DL57.6/UL57.6 kbps
0 or 1
4.4.2.4 Algorithm of DyStoM on NBAP
Before sending the Radio link Setup Request or Radio Link Reconfiguration Prepare, the DyStoM 
algorithm consists simply of checking the value of the message type i on the cell where the call 
is being performed, then depending on its value of 0 or 1, the RNC sends either the complete 
message (a_i & p_i) or it sends only part of the message (a_i).
Based on rules on message type i described in chapter 3, initially and by definition all 
message type i are equal to zero. Therefore during the first call, as message type i = 0, the RNC 
sends a_i & p_i. When Node B receives a Radio Link Setup Request, as shown in Figure 4.16,
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then based on the rules in chapter 3 it stores the contents of P_i, then replies with the Radio Link 
Setup Response as defined in the NBAP specification [10]. After receiving the Radio Link Setup 
Response, the RNC set message type i = 1.
Node B stores 
pj \
Node B
Radio Link Setup Request (a_i & P_i)
RNC
Radio Link Setup Response
message_type_i = 0 
message_type_i= 1
First call on cell x  
Figure 4.16: Value of message type i during first call
For any new call on that cell with the same type of previous call, as message type i = 1 from the 
previous call the RNC sends only a_i, as shown in Figure 4.17.
Node B
Node B reads 
stored p_ i \ Radio Link Setup Request (a_i)
Radio Link Setup Response
RNC
message_type_i = 1 
from first call
RNC keeps message_type_i = 1
All following calls on cell x 
Figure 4.17: Value of message type i after the first call
In the examples in Figure 4.16 & Figure 4.17 the Radio Link Setup Request & Radio Link Setup 
Response messages are shown; however, obviously the same principle applies for the Radio Link 
Reconfiguration Prepare & Radio Link Reconfiguration Ready.
• Change of the value of message type i
The operator could change the value of any parameters of (3_i, e.g. p02-ForTFCI-Bits shown in
Figure 4.15. Usually the change is performed on the RNC remotely via a workstation located at
the OMC. In order to avoid any confusion on the value of parameters stored on Node B and on
RNC, as a consequence of such changes the RNC performs the following action: whenever the
value of any parameter of p_i is changed, the algorithm sets the value of message type i = 0.
Then for any upcoming call setup the complete message (a_i & p_i) is then sent to the Node B via
the Radio Link Setup Request and/or Radio Link Reconfiguration Prepare depending on whether
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the change was made on one or on both messages. The updated configuration of P_i is again 
stored in Node B, which replies with the corresponding response message, the Radio Link Setup 
Response or Radio Link Reconfiguration Ready. The RNC then sets message type i = 1.
Until a new change is made on P_i the RNC would send only a i in the following calls.
Note that when the operator changes the value of one parameter of one particular configuration of 
p i, e.g. p_3, only message_type_3 is set to 0. The value of all other message type i, except i= 3, 
for i == 1 to 128 are not affected by that change.
• Algorithm flowchart
The flowchart of the ‘Dynamic Storage Method on NBAP’ algorithm is shown in Figure 4.18.
UE p erfo rm s a  call on  cell x
N o
m e s sa g e _ ty p e _ i = 0 ?
Yes
R N C  re c e iv e s  m e s s a g e  & s e t  c o rre sp o n d in g  
m e s sa g e _ ty p e _ i = 1
R N C  s e n d s  (a_i & 3_i) & 
s e t  fu ll_ s lz e _ m e s sa g e  -  1
N odeB  r e a d s  a_ l; s t o r e s  p _i & s e n d s  
re sp ec tiv e ly  R ad io  Link S e tu p  R e s p o n s e  o r 
R ad io  Link R econfigura tion  R e a d y
B efore  se n d in g  R ad io  Link S e tu p  o r R ad io  
Link R econfigura tion  P re p a re  RN C  c h e c k s  
m e s sa g e _ ty p e _ i
N ode B r e a d s  a_ i; r e a d s  s to re d  p_i & s e n d s  
re sp ec tiv e ly  R ad io  Link S e tu p  R e s p o n s e  o r 
R ad io  Link R econ figu ra tion  R e a d y
RNC s e n d s  o n ly  a_ i & 
s e t  fu ll_ s iz e _ m e s sa g e  = 0
Figure 4.18: Flowchart of Dynamic Storage Method on NBAP
4.4.3 Measurements
A protocol analyser is inserted between the RNC and Node B as described in 4.2.4.1, then a 
UMTS R99 packet switch call with DL 384 kbps & UL 64 kbps is performed. By using a protocol 
analyser the size of each NBAP message is reported as shown in Figure 4.19.
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N odeB
NBAP Radio Link Setup Request (86  B ytes)
R N C
N B A P  R ad io  L ink  S e tup  R e sponse  (32 B ytes)
N B A P  R ad io  L ink  R e sto re  Ind ica tion  (16 B ytes)
NBAP Radio Link Reconfiguration Prepare (154  B ytes)
N B A P  R ad io  L ink  R e con figu ra tio n  R e ady  (12 B ytes)
N B A P  R ad io  L ink  R e con figu ra tio n  C o m m it (16 B ytes)
Figure 4.19: Size of NBAP messages in UMTS call setup
The sizes of the IBs of the Radio Link Setup Request and Radio Link Reconfiguration Prepare are 
reported respectively in Table 4.14 and Table 4.15.
Table 4.14: Size of fields for Radio Link Setup Request
Radio Link Setup Request
Message Type & 
Message Discriminator 1 Byte
a  1 Transaction Id 2 Bytes
CRNC -Communication Context id 2 Bytes
RL -Information List 19 Bytes
UL-DPCH Information 14 Bytes
P_1 DL- DPCH Information 11 Bytes
DCH FDD Information 37 Bytes
a_ l=  38 Bytes P _1= 48 Bytes Total = 86 Bytes
Table 4.15: Size of fields for Radio Link Reconfiguration Prepare
Radio Link Reconfiguration Prepare
Message Type & 
Message Discriminator
IByte
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a_3
Transaction Id 2 Bytes
Node B Communication Context ID 2 Bytes
RL information 8 Bytes
UL- DPCH Information 32 Bytes
DL- DPCH Information 40 Bytes
P_3 DCH FDD Information 72 Bytes
a_3= 13 Bytes P _3= 144 Bytes Total =157 Bytes
As the NBAP protocol is proprietary to every vendor, it follows that the same messages could be 
coded on more or less bits depending on each vendor implementation. That is why every element 
in both Tables is represented in Bytes and not in bits. Note that the objective of this section is not 
to give the exact number of bits of every field or to optimize every field, but is instead designed to 
evidence the principles and benefit of DyStoM whenever it is applied to NBAP.
• Gain In size of messages
According to Table 4.14, based on NBAP specification [10], the size of the Radio Link Setup 
Request is equal to (a_l + p_l), which is equal to (38+48) = 86 Bytes. When the proposed 
DyStoM is applied the RNC sends only a 1, which is equal to 38 Bytes. As a result only 44% of 
the size of the message is sent.
On the other hand, according to Table 4.15, the size of the Radio Link Reconfiguration Prepare 
message is equal to (a_3 + P_3), which is equal to (13 + 144) = 157 Bytes. When the proposed 
DyStoM is applied, only a_3 is sent. As a consequence the size of the message becomes 13 Bytes, 
and as a result only 8% of the message is sent.
A summary of the results is shown in Table 4.16.
Table 4.16: Gain in the size of NBAP messages
Message Name NBAP DyStoM Saving in Bytes Gain
specification [10]
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Radio Link Setup Request 86 Bytes 38 Bytes 48 Bytes 56%
Radio Link Reconfiguration 
Prepare
157 Bytes 13 Bytes 144 Bytes 92%
4.5 Summary
In this chapter, DyStoM is applied to three different UMTS signalling procedures. First, DyStoM 
was applied to two RRC messages. Connection Setup and Radio Bearer setup. As a result the size 
and duration of the first message were respectively reduced by 69% & 67% and for the second 
message by 77% & 67%. It follows that when these two messages are transmitted there is less 
interference on them on the air interface, less processing time on the equipment side and less radio 
power that is required in comparison to the standards. On the other hand, it was shown that two 
other RRC messages which are the Activate PDF Context Request and the Activate PDF Context 
Response are also big in size. The application of DyStoM on these two messages can bring 
additional benefits to the duration of the call setup. This is subject to future studies. Also, DyStoM 
was used in order to reduce the size of two NBAP messages the Radio Link Setup and the Radio 
link Reconfiguration Prepare. As a result, the size of the first and second message is reduced 
respectively by 56% and 92%. The same method could be applied to other NBAP messages and to 
other similar protocols in UMTS like the RNSAP (Radio Network Subsystem Application Part) 
[37] or RANAP [24]. These are subjects for future studies. Not only DyStoM is used to reduce the 
size of signalling messages but also to store one whole message in order to avoid sending it on the 
air interface. This is the case of MC message described in section 4.3. As a result of such 
application the UE can start earlier radio measurement earlier than in the case of some UMTS 
standard procedures [9], e.g. it can start measurements on neighbour cells 195 ms in advance of a 
UMTS standard soft handover procedure [9]. Such scenarios would trigger earlier handover, 
which in turn can prevent a UE located in an area with bad radio conditions from having a 
dropped call or from experiencing longer bad call quality. In this chapter, only the scenario of MC 
exchanged during intra-frequency handover is studied, however for all other scenarios of MC e.g. 
for inter-frequency or inter-system (to GSM) [36] handover, the same principles described in this 
chapter could apply. Note that a direct application of algorithml, described in section 4.3 is ETE 
call setup where the equivalent of MC is called reportConfig and is sent inside the 
rrcConnectionReconfiguration message. The measurements and gain are left for future study. Skip 
sending a whole message as it is the case of MC is a novel application not only for a storage 
method but also in UMTS and to ETE.
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It should be noted that in all three applications described above, in order for DyStoM to be used, 
some headers, e.g. tags, are added to existing RRC & NBAP protocol messages. However apart 
from the additional headers, and to the knowledge of the authors, there is no other side effects of 
the new design on the system.
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Chapter 5
5 Message reduction using DyStoM
5.1 Introduction
So far, DyStoM has been used to store:
A part of the signalling message as described in sections 4.2 & 4.4 of chapter 4.
Whole signalling message as described in section 4.3 of chapter 4.
In this chapter a novel way of storing signalling messages is described. To the author’s best 
knowledge there is no such approach in actual literature. The method uses DyStoM as part of its 
algorithm and consists of reducing the number of signalling messages exchanged between two 
pieces of equipment down to two or three depending on the type of signalling procedure.
Similar to previous DyStoM applications, in this chapter every message is divided into two parts a 
and P and the novel method consists of the two steps described as follows:
During the first call one part of every message of the procedure is stored.
During the second call all remaining parts of all messages transmitted in the same 
direction are embedded into one message. As shown in Figure 5.1 all a_i o f Xi messages, 
transmitted from Equipment 1 to Equipment2, are carried in one message called the 
new X l message, and in the opposite direction all a_i of Ym transmitted from 
Equipment2 to Equipment 1 are carried in one message called the new Ym message.
E q u ip m e n t 1 E q u ip m e n t 2
n e w  X1 m e s s a g e , x  b its  = Tcx X i ^  b its
n e w _ Y m  m e s s a g e , d b its  = 2 i = i   ^ 0  b its
Figure 5.1: Call flow with the proposed method
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In some signalling procedures an acknowledgement of a_i embedded in the new Ym message is 
required, and therefore an additional message called the Z message is introduced for that purpose, 
as shown in Figure 5.2. That is why in this scenario the total number of signalling messages is 
reduced to three and not two.
Equipment 1
. ( n - q r )
Equipment 2
new_Ym message, f  bits =
------- ! ------------V.—— — ----------
S i ï i  (a_Yi) bits
----------->
Z message, g bits = (a_Xi) bits ----------->
Figure 5.2: Call flow of the proposed method with the optional Z message
Thanks to this method, instead of waiting for the processing of each message separately only two 
or three messages are processed. As a result the processing and the duration of the procedure are 
largely reduced.
5.2 Application to UMTS
This section is divided into two phases, as shown in Figure 5.3. In the first phase the different 
actions from Step 1 to Step 5 are performed in order to reduce the number of RRC messages 
exchanged during a UMTS R99 PS call setup down to three RRC messages. In the second phase. 
Step 6, measurements are performed in order to show the gain of the new UMTS call setup in 
comparison to actual UMTS standards [9,10].
A. First phase: Steps to reduce UMTS 
call setup down to 3 m essages
B. Second phase: Measuring the 
duration of new UMTS call setup
Step 1
Step 2
s t e p s  
Step 4
Step 5
Step 6
In UL & DL, divide each m essage i 
 into 2 parts a_i & (3_i______
Define the form of a new call setup
By using algorithm_oi store, during 1®‘ call, all 
____________P J on all equipment____________
Measurements
During second & following calls
1 -All DL g i in 1 m essage: New_APDPA
2 -All ULa i in 2 m essages: New_CR & Z
Figure 5.3: Flowchart of method: reduce UMTS call setup down to three messages
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5.2.1 First phase: Steps to reduce UMTS call setup down to 3 messages 
• Step 1: Defining the form of the new call setup
Based on actual UTMS standards, during a UMTS PS call setup few signalling messages 
belonging to different protocols are exchanged between the UE and other equipment, as shown in 
Figure 5.4, The main reason for reducing the number of RRC messages of the call setup is to 
reduce the call setup duration among other measurements, as shown in the following sections. 
Note that such a proposal is valid thanks to the use of the DyStoM method as described in 
previous chapters. In fact, that method reduces the size of the RRC messages during the second 
and all following calls. Then if  we combine the UL and DL in each direction, these small 
messages are all put together into one message and the final message is still small in size. In that 
way we do not have messages with a very large size, which is not desirable on an air interface 
where RRC messages are exchanged. Ideally this would lead to one single message in UL and 
another one in DL. However, due to the nature of some DL messages in the UMTS call setup a 
response message is required, and therefore the final number of messages is three, one in DL and 
two in UL, as shown in Figure 5.5.
The role of each of these three messages is described below and the contents are described in the 
following sections.
The UL New Connection Request message is a new version of the existing RRC [9] Connection 
Request. It is triggered in the same way as in [9] but it carries the remaining parts of all other UL 
messages.
The DL message known as the Y message, is a new version of the existing Connection Setup 
message. It is triggered as in [9], that is after reception of RRC Connection Request, and it carries 
the remaining parts of all DL messages. In the following paragraphs the Y message is called the 
new APDPA as among other information it carries the last DL message in the standard call setup, 
known as the APDPA (Activate PDP Context Accept).
The Z message is a new message created for the purpose of this method. It is just a response 
message to the Y message.
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UE
RRC Connection Request
NodeB RNC SGSN
RRC Connection Setup
RRC Measurement Control
RRC Connection Setup Complete
RRC Initial Direct Transfer (C M Service Requesi)
Authentication m essage
RRC Security Mode Command
RRC Security Mode Complete
RRC UL Direct Transfer
(Activate PDP Context Requost)
RRC Radio Bearer Setup
RRC Radio Bearer Setup Co
RRC Direct Transfer
NBAP Radio Link
NBAP Radio Link
NBAP Radio Link
Setup Request 
Setup R esponse 
Restore Indication
^BAP Radio Link Feconf. Prepare 
NBAP Radio Link Eleconf. Ready 
I^ BAP Radio Link Fteconf. Commit
mplete
'( Activate PDP Context Accejbt)
SCCP Connection Request
(RANAP Initial UE m essage) 
.SCCP Connection Confirm
RANAP Security Mode Command
RANAP Security Mode Complete
RANAP Common ID
RANAP UL Direct Transfer
(Activate PDP Context Request)
I RANAP RAB Assignment Requeslt
RANAP RAB Assignment Respor
RANAP Direct Transfer
(Activate PDP Context Accept)
se
GGSN
Create PDP cont. Req.
preate PDP cont. Resp
Figure 5.4: UMTS Packet Switch Call Setup based on UMTS standards
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mobile NodeB
RRC New Connection Requést
RNC SGSN GGSN
Y m essage (New Connection
(including New Activate PDP
Z m essage
NBAP Radio Link Setup Request
NBAP Radio Link Setup R esponse
I^BAP Radio Link F 
NBAP Radio Link
econf. Prepare 
Beconf. Ready 
DJBAP Radio Link Reconf. Commit
Setup)
Context Accept) 
NBAP Radio Link
SCCP Connection Request
(RANAP Initial UE m essage) 
■SCCP Connection Confirm
RANAP Security Mode Command
RANAP Security Mode Complete
RANAP Common ID
RANAP UL Direct Transfer
(Activate PDP Context Request)
,RANAP RAB Assignment Requeslt
RANAP RAB Assignment Respon
RANAP Direct Transfer
(Activate PDP Context Accept) 
Restore Indication
se
Create PDP cont. Req.
preate PDP cont. Resp
Figure 5.5: Proposed UMTS Packet Switch Call Setup
As shown in Figure 5.5 the method for reducing the number of signalling messages down to three 
is only applied to the RRC protocol.
It should be noted that the same method could apply to all the other protocols that are shown in 
Figure 5.5, however storing the information of other protocols, e.g. NBAP [10], RANAP [24], and 
SCCP (Signalling Connection Control Part) [38] does not bring any concrete benefit in terms of 
saving energy or reducing the call setup duration. This is due to the fact that the link between 
these interfaces is not the air but instead a fibre optic or an IP (Internet Protocol) [8] backbone.
• Step 2: In UL & DL, divide each message i into 2 parts a i & p i
Each RRC message i, is divided into two parts a_i and P_i, where the values of the contents o f a_i 
change with every call while the contents of P_i remain the same with every call.
Based on the RRC protocol [9], the a_i and p_i of each RRC message of the call setup are shown 
in the tables below. Keep in mind that in UMTS there are few messages, e.g. APDPR (Activate
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PDP Context Request) [29] & APDPA that are exchanged directly between the mobile and the 
Core network. They are called NAS (Non Access Stratum) [39] messages and they pass 
transparently by the RNC. Every NAS message is embedded into an RRC message called a Direct 
Transfer (DT). In the call setup as shown in Figure 5.4 there are three types of RRC DT messages: 
DL DT, UL DT and Initial DT. These RRC DT messages are just used to carry the NAS message 
over the air interface from the UE to the RNC and vice versa. As their size is usually small and to 
assist with simplicity, their a_i and p i are not considered in this paper. As a result there are no 
dedicated tables showing the a  and P parts of these RRC DT messages in this paper. Instead, 
tables showing the a_i and P_i of their corresponding NAS messages are shown and studied.
In the next two paragraphs, first the a_i and p i of DL messages and then the a_i and p_i of UL 
messages are described.
• Step 3: Combining all DL a i in 1 message: new APDPA
As shown in Figure 5.4, based on the standards, in a UMTS call setup there are five messages sent 
in the DL direction. These are the ‘Connection Setup’ (CS), the ‘Radio Bearer Setup’ (RBS), the 
‘Measurement Control’ (MC), ‘Security Mode Command’ (SMC) and the APDPA. For two of 
them, the CS and the RBS messages, the tables of the a & p parts are shown in [40]. On the other 
hand, for the MC all of the lEs are part of p and are stored during the first call. That is why there 
is no dedicated table for MC in the following paragraphs. The reason for that is that P is stored 
during the first call and is not transmitted during the following calls. As a result its size is not 
considered in the calculations below, and that is why we do not have to know each IE of that MC 
message. It remains the ‘Security Mode Command’ (SMC) and the APDPA. These are shown in 
Table 5.1 and Table 5.2.
Table 5.1: Security Mode Command (SMC)
Message Type
RRC transaction Identifier
Integrity check info
a_SMC Integrity protection mode info
Security capability
CN domain identity
UE system specific security capability
83
Chapter 5. Message reduction using DyStoM
Table 5.2: Activate PDP Context Accepted (APDPA)
Protocol Discriminator
Transaction Identifier
Message Type
a APDPA Negotiated LLC SAPI
PDP address
Protocol configuration options
Negotiated QoS
Radio priority
It should be noted that the way the lEs (Information Element) are placed in a_i or p_i in the tables 
represents a working configuration, however these IE could be optimized further by each vendor, 
e.g. some IE in the a part could be moved to the p part and vice versa. It is not the objective of 
this paper to optimize the lEs in every message, nor the parameters in each IE. This is left to 
further study and to vendor implementation choice.
As the proposed algorithm purpose is to gather the a  of different messages into one message, it 
follows that,
new_APDPA= a_CS + a_RBS + a_SMC + a_APDPA (1)
• Step 4: Combining all UL a i in 2 messages: new CR & Z
As shown in Figure 5.4, based on the standards, in UMTS there are seven messages exchanged in 
the UL direction. These are the Connection Request (CR), CM Service Request [41] (CMSR), the 
Activate PDP Context Request (APDPR), the Connection Setup Complete (CSC), the Security 
Mode Command Complete (SMCC), the Radio Bearer Setup Complete (RBSC) and the 
Measurement Report (MR).
Following is a description of the a  and p of each of these seven messages.
The a_i and P_i of two messages, the CR, the CMSR are shown respectively in Table 5.3 and 
Table 5.4.
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Table 5.3: Connection Request (CR)
a_CR
Message Type
Measurement results on RACK
Initial UE identity
P_CR
Establishment Cause
Protocol error indication
Table 5.4: CM Service Request (CMSR)
a_CMSR
Message type
Mobile Identity
Ciphering key sequence number
P_CMSR
Skip Indicator
Protocol discriminator
CM Service type
Mobile station classmark
Keep in mind that as mentioned in the previous Step 3, in DL no table was listed for the MC 
message as it is composed only of the P part. Similarly, in UL the APDPR message is composed 
of only the P part, and that is why there is no dedicated table for that message in this chapter.
On the other hand, three other messages, the CSC, the SMCC and the RBSC are sent on the Z 
message which is the response to the new APDPA. This is due to the fact that each of these three 
messages is already a response to one corresponding DL message sent in the new APDPA. For 
example, RBSC is a response to the RBS sent in new APDPA. Such response messages are by 
nature small in size as their main use is to inform the transmitter about the successful 
configuration of the receipt message at the receiver side. As they are of a small size, for the 
simplicity of the algorithm in this paper it is considered that each of these three messages is 
composed only of the a_i part. As a result a_i corresponds to the complete message as it is sent in 
the RRC protocol [9], e.g. a_CSC = CSC_priorart. The lEs of these three messages are listed and 
described in [9]. It follows that:
Z = CSC_priorart + SMCC_priorart + RBSC_priorart (2)
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The MR is sent either with the Z message or after. In this paper and for simplicity it is sent after. 
That is why it is not considered in this paper. In all cases it could not be sent before the mobile 
has got a dedicating signalling channel, which is before the mobile receives the new_APDPA.
Two messages remain, namely CR and CMSR. Obviously a_CR is sent in the new CR and 
a_CMSR is sent in the new CR and it contains a service request to the Core network. It follows 
that:
new CR a CR + a CMSR (3)
• Step 5: Use algorithm oi to store & synchronize all p_i on all equipment
A storage algorithm is required in order to keep the p parts synchronized on the UE and RNC in 
all situations, e.g. if  an operator changes a parameter of p or the UE goes out of coverage for a 
long period. For that purpose, algorithm oi, described in chapter 3 is applied. It should be noted 
that algorithm oi consists of comparing UE cellx tag & RNC_cellx_tag at the RNC side. 
However the issue that arises with the new proposed call setup is how the UE knows which 
message to send, CR or new CR as shown in Figure 5.6.
UE RNC
 CR or new_CR?____________^
Figure 5.6: Additional feature is required at the UE side
That issue is solved by broadcasting continuously the actual value of RNC cellx tag on the air 
interface. As shown in Figure 5.7, before any call, the UE compares the broadcasted 
RNC cellx tag with UE Cellx tag. If they are different the UE sends CR and performs a call 
setup as defined in the RRC protocol [9] whereas if  they are equal the UE sends new CR and the 
RNC applies a new call setup procedure by replying with new APDPA. It should be noted that all 
tag rules defined for algorithm oi as well as all parameters, like tcall, apply as described in 
chapter 3. For example during the first call, the tag at the client side (UE cellx tag) is equal to 0 
whereas it is > 0 at the server side (RNC cellx tag).
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UE reads broadcasted tag 
RNC_cellx_tag ^
Yes
UE performs first call
No
No
Yes
At UE:
Is UE_cellx_tag 
= RNC_ceIix_tag?
Call setup wltfi storage mettiod: 
2 m essa g es  In UL 
& 1 m essage  In DL
(UE_cellx_tag=0) #  (RNC_cellx_tag#0): 
Call setup based on UMTS standards;
Algorlthm_ol applied;
UE & RNC expiry timers synchronized
Call setup based on UMTS standards
Figure 5.7: Flowchart of Storage Algorithm for new call setup
5.2.2 Second phase: Measuring the duration of a new UMTS call setup
The objective of the measurements is to show the different types of gains of the new call setup 
procedure in comparison to a standard UMTS call setup.
• Step 6: Measurements
Figure 5.8 shows all of the different measurements that are performed.
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B.1 Measurements in prior art
B.2 Calculate the new call setup 
duration
B.3 Gain in comparison to prior art
Step 6.1
Step 6.2
Step 6.3
Step 6.4
Step 6.5
Step 6.6
Step 6.7
Step 6.1
Calculate the duration of new APDPA
Get the timestamps & size of each m essage  
of prior art call setup via a protocol analyzer
Calculate the duration of new CR
Calculate the duration of Z
Existence of UL & DL delays
Calculate the gain of UL & DL delays
Calculate the gain in transmitted power
Calculate the gain of new call setup
Figure 5.8: Different measurement actions
B.l Measurements in prior articles
In the following calculations the size and duration of each RRC message exchanged during the 
call setup are taken from [40].
• Step 6.1: Get the timestamps & the size of each message
The timestamps of each message are not mentioned in [40], which is why another UMTS PS call 
setup is performed in the lab as described in 4.2,4.1, and the timestamps are shown in Figure 5.9.
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U E N o d e B R N C
1 6 :4 2 :1 8 :2 1 9  R R C  C o n n e c t io n  Rec ïu e s t
1 6 :4 2 :1 8 :3 2 7  R R C  C o n n e c t io n  S e t up
1 6 :4 2 :1 8 :7 9 9  R R C  M e a s u re m e n t CControl
1 6 :4 2 :1 8 :8 5 8  R R C  C o n n e c t io n  S e t up C o m p le te
1 6 :4 2 :1 8 :8 7 8  R R C  M e a s u re m e n t FReport
1 6 :4 2 :1 8 :9 8 8  R R C  In it ia l D ire c t Tre n s fe r
^  ______  Authe_nliCc t io n m e s s a o e
1 6 :4 2 :1 9 :0 7 9  R R C  S e c u r ity  M o d e  'D o m m a n d
1 6 :4 2 :1 9 :1 7 8  R R C  S e c u r ity  M o d e  'C o m p le te
1 6 :4 2 :1 9 :3 3 7  R R C  U L  D T  (A c tiva te i P D P  C o n te x t R e q u e s t)
1 6 :4 2 :1 9 :5 9 9  R R C  R a d io  B e a re r  5>etup
1 6 :4 2 :2 0 :1 4 8  R R C  R a d io  B e a re r  Sîe tu p  C o m p le te
1 6 :4 2 :2 0 :3 5 9  R R C  D L  D T  (A c t iv â t 3  P D P  C o n te x t A c c e p t)
Figure 5.9: Timestamps of UMTS packet switch call setup
Only RRC messages are shown in Figure 5.9 as RRC is the only protocol affected by the 
proposed method. Note that the timestamps are taken by a protocol analyser that is inserted 
between Node B and the RNC.
By calculating the difference in the timestamp of the last message “Activate PDF Context 
Accept” with the timestamp of the first message “Connection Request”, the duration of a call 
setup based on UMTS standards is:
16:42:20:359 - 16:42:18:219 = 2140 ms.
B.2 Calculate the new call setup duration
The next step is to calculate the duration of the call setup with the proposed method in order to 
estimate the gain in comparison to the standard call. For that purpose, first the duration of each 
message, the new CR, the new APDPA and the Z message, is calculated. Then an additional 
duration is added on top which is caused by the processing time and the delays on the interfaces. 
This is shown in Figure 5.10.
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to
RNC 
new CR T1 = duration new CR
new APDPA T3 = duration new APDPA
Z message T5 = duration Z message
T2= UL processing delay
T4= DL processing delay
V
t1
Duration of the new call setup = t1-tO
Figure 5.10: Duration and delays of the new call setup
It follows that:
New_call_setup_duration = duration (new_CR) + UL processing delay + duration (new APDPA) 
+ DL processing delay + duration (Z) (4)
By using the nominations in Figure 5.10 it follows that:
N ew ca llse tu p d u ra tio n  = t l - tO  = T l+ T 2  + T3 + T4 + T5 (4)
• Step 6.2: Calculate duration of the new CR
The Connection Request, which is the first message that is sent during a call setup, is carried on a 
RACH (Random Access Channel) channel. According to [9], during one TTI which is equal to 10 
ms or 20 ms depending on the UE selection, 168 bits of the signalling message are sent on the air 
interface. In this paper the duration of the RACH is 20 ms. It remains a challenge to fit the 
new CR (3) into the 168 bits.
To calculate the size of the new CR the size of each IE listed in the tables above is calculated.
a_CR = (‘Message Type’ + ‘Measurement results on RACH’ + ‘Initial UE identity’) = 8 + 6 + 68 
= 82 bits where Initial UE Identity is TMSl-and-LAl-GSM-MAP.
a_CMSR= (‘Message Type’ + ‘Mobile Identity’ + ‘Ciphering key sequence number’) = 6 + 48 + 
3 = 57 bits.
As a result, formula (3) becomes: 
new CR = 82 + 57=  139bits (3)
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On top of 139 bits, additional bits used as an overhead for ASN.l (Abstract Syntax Notation 1) [4, 
42] encoding are added. This is left to vendor implementation, however these additional bits 
should not exceed 168 - 139 = 29 bits.
• Step 6.3: Calculate the duration of new APDPA
Based on [9, 16] the RRC Connection Setup is sent on a FACH channel. Similarly, the 
new APDPA which is a new version of the Connection Setup is also sent on a FACH channel. In 
that case, according to [16] information is sent on the air interface with every TTI equal to 10 ms 
carrying two RLC (Radio Link Control) [2] blocks, where each block is composed of 152 bits.
As a consequence the duration of the new APDPA is deduced by dividing the size of the message 
by 2x152 = 304 bits. Keep in mind that the size of the new APDPA is calculated based on a 
formula (1). For that purpose, based on measurements and calculations performed in [40] the size 
of a_CS is 266 bits, the size of a_RBS is 169 bits, the size of SMC based on RRC [9] is 120 bits, 
and the size of APDPA is 536 bits. In this paper, as a_SMC = SMC (based on Table 5.1) and 
a APDPA = APDPA (based on Table 5.2), formula (1) becomes:
new_APDPA = 266 + 169 + 120 + 536 = 1091 bits (1)
On top of 1091 bits, additional overhead bits which are left to vendor implementation should be 
considered. Unlike the case of the new CR there is no size limit for the total size of the 
new APDPA. Note that the size of the overhead bits is considered to be small, and that is why it 
is not included in the calculation of the duration of new APDPA.
Number of TTI to carry new APDPA =1091 bits/304 bits.
This requires 4xTTl. It follows that the duration of new APDPA is equal to 4 x 10ms = 40 ms.
• Step 6.4; Calculate the duration of the Z message
In the literature, according to [40] the size of the CSC is 208 bits, the size of SMCC is 72 bits and 
the size of RBSC is 56 bits. Based on (2), it follows that:
2  = 208 + 72 + 56 = 336 bits (2)
All three messages are sent on an RLC AM mode [40]. As the Z message occurs after the RBS 
which is embedded in the new APDPA, based on [43] it follows that the Z message is sent on 3.4 
kbps, where one RLC block carrying 128 bits is sent every TTI = 40 ms.
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By dividing 336 bits by 128, it follows that the Z message requires 3xTTI. The duration of the Z 
message is then 3xTTI = 3 x 40 ms = 120 ms.
• Step 6.5: Existence of UL & DL Delays
Whenever a message is sent by either the RNC or the UE its response message from the opposite 
entity is not instantaneous. Instead there is a duration that is composed of the time of processing 
the equipment and the delays on the interfaces [43]. In this paper that duration is represented by 
UL delay (Resp-Req) for a delay on the RNC and by DL delay (Resp-Req) for a delay on the 
UE, where Resp is the response message and Req is the request message, and the delay would 
correspond to the difference of timestamps on the receiver side between the Resp timestamp and 
the Req timestamp.
It should be noted that the delay on the interfaces and on the equipment are not only seen on the 
RNC and the UE, they exist also on all interfaces and all equipment of the UMTS network, e.g. a 
delay on the SGSN (Serving GPRS Support Node) [44].
B.3 Gain in comparison to prior art
In the following paragraphs the gains, in comparison to a UMTS standard call, of the new call 
setup in terms of UL & DL delays, transmitted power, and whole call setup duration, are 
calculated.
• Step 6.6: Calculate the gain of UL & DL Delays 
Case of UL:
With the proposed new method, there is only one delay in the UL, which is represented by T2 in 
Figure 5.10. It corresponds to the difference in the timestamp between the new APDPA and 
new CR. For simplicity and to be relevant to the standards [9], the UL delay (new APDPA- 
new CR) is considered equal to the delay UL delay (CS-CR) in a UMTS standard call. This 
corresponds to the difference in the timestamps of CS and of CR. Based on Figure 5.9 & Figure 
5.10,
T2 = UL_delay (new_APDPA-new_CR) = UL delay (CS - CR) = 16:42:18:327 - 16:42:18:219 = 
108 ms.
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For all other UL messages that are exchanged based on UMTS standards, i.e. UL CMS and UL 
APDPA messages, they trigger a RANAP message on the In interface (between RNC and Core 
network), and their corresponding UL delay is considered null in this paper. This is due to the 
fact that in a UMTS standard call the delay of the RANAP messages is very small.
As a conclusion, the new method does not bring any gain in the UL processing delays in 
comparison to a standard call.
Case DL:
In a UMTS standard call, in DL the biggest delays are the ones that occur during the signalling 
channel configuration DL delay (CSC-CS) and then during the data channel configuration 
DL delay (RBSC-RBS). From Figure 5.9, their corresponding DL delay is:
DL_delay (CSC-CS) = 16:42:18:858 - 16:42:18:327 = 531 ms.
DL delay (RBSC-RBS) = 16:42:20:148 - 16:42:19:599 = 549 ms.
Other delays, e.g. DL delay (SMCC -SM C) are not counted as their values are very small. It 
follows that the DL total processing delay based on UMTS standards is:
DL_delay (RBSC-RBS) + DL delay (CSC-CS) = 531 + 549= 1080 ms.
With the proposed method the new APDPA carries both the signalling and the data channel 
configuration. As a result the signalling and data channel processing are performed 
simultaneously. As a consequence, in this paper the DL delay (new_APDPA-Z) is considered to 
be equal to max (DL delay (RBSC-RBS), DL delay (CSC-CS)) = 549 ms.
It follows that the gain of the processing time in comparison to a standard call is:
1080-549 = 531 ms.
• Step 6.7: Calculate the gain in the duration of transmitted power
In UMTS every message, regardless of whether it is in UL or in DL, is transmitted with a certain 
amount of power. The formulas used by the UE and by Node B are vendor specific, and they take 
into consideration a few different factors, e.g. the radio power path loss. In this paper, for the 
same radio conditions, e.g. same radio path, we consider that the same amount of radio energy is 
consumed with the proposed method and in a standard call. The gain is then deduced by 
comparing the total transmitted duration, in UL and in DL, with the proposed method and in a 
standard call.
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According to [40], in a standard call the total duration of all RRC messages in the DL is 590 ms, 
and in UL it is 660 ms. With the proposed method the total duration of all DL represented by 1 
message on the new APDPA is 40 ms. On the other hand, the total duration in UL is equal to the 
sum of the duration of the new CR (20 ms) and of Z (120 ms) messages, which is equal to 20 + 
120 = 140 ms.
It follows that the gain in the duration of signalling transmission in DL is 93% (40 out of 590 ms), 
and in UL it is 79% (140 out of 660 ms).
• Step 6.8: Calculate the gain of the new call setup
Based on (4), the duration of the call setup with the proposed new method becomes: 
N e w c a llse tu p d u ra tio n  = 20 + 108 + 40 + 549 + 120 = 837 ms. (4)
Hence the gain in comparison to a standard call is:
2 1 4 0 -8 3 7 =  1303 ms.
A summary of all gains is shown in Table 5.5.
Table 5.5: Summary of Gain by Proposed Method
Type of benefit Standard 
UMTS call
Proposed Method Gain %
DL processing delay 1080 ms 549 ms 50%
UL processing delay 108 ms 108 ms 0%
DL signalling transmission duration 590 ms 40 ms 67%
UL signalling transmission duration 660 ms 140 ms 79%
Duration PS call setup 2140 ms 837 ms 61%
5.3 Summary
In this chapter a novel method when applied reduces the number of UMTS PS call setup down 
to three messages only. As a consequence, the benefit is huge: there is less call setup delay, less 
processing and less energy consumption in comparison to a call that is set up according to the 
UMTS standards. It should be noted that in order to make that method valid to a PS UMTS call, 
a DyStoM method was used in order to keep the size of the combined messages over the air 
interface small. This is due to the fact that there is a limitation to the size of some RRC
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messages to be sent over the air interface. The drawback of the method is that it requires some 
changes in UMTS standards mainly to the RRC protocol specification as described in this 
chapter. However two remarks should be noted. The first remark is that in some systems, e.g. 
wireline, there is no limitation on the size of the final message. The second remark is that based 
on DyStoM evaluation step described in chapter 3, the size of the repeated information to be 
stored, does not need to be large as is the case with the UMTS PS call described in this chapter. 
Based on these two remarks, different applications of the proposed method might be studied but 
this is left for future studies.
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Chapter 6
6 A Method to Reduce Call Setup 
Duration of an Emergency Call
6.1 Introduction
In previous chapters all of the methods that were used to optimize the signalling procedures in 
terms of duration and processing reduction were using a storage method that consists of storing a 
part or the whole message during a first call in order to avoid sending part of or the whole 
message in the following calls. However there are many other factors as described in chapter 1 
that affect the call setup duration. In this chapter a method called the ‘Delay of Activation Time 
Method’ (DATM) that does not use any storage method is proposed. Its objective is to reduce the 
duration and processing of the UMTS call setup. Its application to an emergency call setup is 
studied.
6.2 Method description
Based on UMTS standards [9, 16] , RRC signalling messages that are exchanged during a call 
setup are divided into three parts and each part is sent on a different signalling rate. In this chapter 
they are called Step 0, Step 1 and Step 2 respectively, as shown in Figure 6.1.
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UE
RRC Connection Reouest
RNC
. RRC Connection Setup
RRC Connection Setup Complete
RRC Measurement Control
RRC Initial Direct Transfer (CM service request)
RRC Measurement Report
RRC Authentication Request
RRC Authentication Response
RRC Security Mode Command
RRC Security Mode Complete
RRC UL Direct Transfer (Activate PDP Context Req.)
 ^ RRC Radio Bearer Setup (parameter “Acf/Vaf/on time")
RRC Radio Bearer Setup Complete
RRC DL Direct Transfer (Alerting)
RRC DL Direct Transfer (Connect)
RRC UL Direct Transfer (Connect Acknowledge)
Step 0
Step 1 : rate 
DL/UL13.6 kbps
-Change rate 
configuration
Step 2: rate 
DL/UL3.4kbps
Figure 6.1: Different signalling rate during a standard UMTS call setup
Step 0 consists of two messages which are the uplink Connection Request message sent on RACH 
and the downlink Connection Setup message sent on FACH.
Step 1 consists of all signalling messages starting from Connection Setup Complete up to the 
Radio Bearer Setup message. These messages could be sent on a signalling rate of either 
DL3.4AJL3.4 kbps or of DL13.6/UL 13.6 kbps [16]. The choice is made by each operator, 
however in order to accelerate the call setup procedure most if not all of the operators use the 13.6 
kbps signalling rate. That is the case in this chapter.
Step 2 consists of all of the signalling messages that are sent after the Radio Bearer Setup message 
and up to the Activate PDP Context Accept [29] in the case of a packet call or up to a Connect 
[41] message in the case of a voice call. Step 2 messages are sent on DL3.4/UL3.4 kbps. The 
reconfiguration of the signalling rate from 13.6 kbps in Stepl to 3.4 kbps in Step 2 is performed 
via the RRC Radio Bearer Setup; however, this reconfiguration is not activated immediately after
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the UE receives the Radio Bearer Setup, and instead it is specified in one parameter of the 
message called ‘activation time’. The choice of the value of this parameter is vendor specific.
According to [1, 12], the calculation of the value of the ‘activation time’ takes into consideration 
the delay that could be caused by the retransmission of some RLC (Radio Link Control) [2] 
blocks in case there are errors due to bad quality of the radio path.
The idea that is proposed in this chapter is to extend the rate 13.6 kbps of Step 1 to the messages 
in Step 2 by delaying the ‘activation time’ until the reception by the UE of the last downlink 
message of Step 2. As a consequence, all of the messages of Step 2 become four times faster than 
a standard call which results in a shorter message duration. To the author’s knowledge there is no 
similar method in the literature.
It should be noted that the Radio Bearer Setup is not only used for the reconfiguration of the 
signalling rate but also to configure the data channel at the UE side.
On the other hand, as Node B is located between the UE and the RNC, every time a signalling or 
a data channel is configured on the UE and on the RNC, one corresponding signalling channel and 
one corresponding data channel are similarly configured on Node B. Obviously this is done in 
order to have a signalling and a data channel with the same characteristics on the UE, on Node B 
and on the RNC; therefore, whenever the signalling rate is changed from 13.6 to 3.4 kbps on the 
UE and the RNC the rate should be changed accordingly on Node B, as shown in Figure 6.2. The 
information for the configuration of the new signalling rate together with the data channel on the 
Node B are sent via the NBAP [10] Link Reconfiguration Prepare message. Note that this 
message does not contain an ‘activation time,’ and instead the contents of the message are 
activated according to a parameter included in another following message, which is the NBAP 
Radio Link Reconfiguration Commit.
In this chapter, as the activation of Radio Bearer Setup was delayed in comparison to a standard 
call a new method is applied in order to delay the activation of the corresponding Radio Link 
Reconfiguration Prepare; otherwise at a certain time the rate at Node B would be 3.4 kbps, 
whereas at the UE it is 13.6 kbps and this leads to confusion.
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Configuration from 13.6 to 3.4 
kbps sent to the UE but executed  
later at “activation time”
UE
RRC Radio B
Node B
sarer Setup (parameter “Activation time”)
NBAP Radio Link Reconfiguration Prepare
NBAP Radio Link Reconfiguration Ready
NBAP Radio Link Reconfiguration Commit
RRC Radio B sarer Setup Complete
Configuration from 13.6 to 
3.4 kbps sent to the UE
\  M essage carries activation time 
of 3.4 kbps at NodeB
Figure 6.2: Activation time of RRC and NBAP messages in prior articles [9,10]
Two different methods are proposed. One is to delay the activation time for the Radio Bearer 
Setup and the other one is to delay the activation time of the Radio Link Reconfiguration Prepare; 
then the application of these methods on a UMTS emergency call is studied.
6.2.1 Delay method on RRC messages
With the proposed method, when the UE receives the Radio Bearer Setup it stores the contents of 
the received message and waits until the reception of the last DL message of the call setup in 
order to activate the received configuration. The last DL messages in a call setup, namely the 
Activate PDP Context Accept in the case of a PS call and the Connect message in the case of a 
speech call are sent from the Core Network to the UE in a RANAP [24] message called ‘Direct 
Transfer’. Such messages pass transparently by the RNC. In other words, the RNC does not check 
the contents of the Direct Transfer message but forwards it to the UE via another RRC message 
called a ‘Downlink Direct Transfer’. For that reason, in order to notify the RNC and the UE 
respectively of the reception of the Connect or the Activate PDP Context Accept messages 
included in the RANAP ‘Direct Transfer’ message a new method that does not require any change 
to the standard is proposed. This method is based on the occurrence of the RANAP Direct 
Transfer and the RRC Downlink Direct Transfer messages during a call setup.
For a circuit call, as shown in Figure 6.3 the Alerting message is sent by the MSC in the first 
RANAP ‘Direct Transfer’ after the UE has received the Radio Bearer Setup, whereas the Connect 
message, which is the last DL message, is sent in the second RANAP ‘Direct Transfer’. 
Therefore, after the occurrence of the Radio Bearer Setup, whenever the RNC receives the second 
RANAP ‘Direct Transfer’ and the UE receives the second RRC ‘Downlink Direct Transfer‘, the 
RNC and the UE will activate the contents of the Radio Bearer Setup that were previously stored.
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Similarly, in case of a packet call setup the ‘Activate PDP Context Accept’, which is the last DL 
message, arrives at the RNC in the first RANAP ‘Direct Transfer’ that is received after the RNC 
sends the Radio Bearer Setup. The same message is received by the UE in the first RRC 
‘Downlink Direct Transfer,’ therefore whenever the RNC receives the first RANAP ‘Direct 
Transfer’ message or the UE receives the first RRC ‘Downlink Direct Transfer’ after the 
occurrence of the Radio Bearer Setup the RNC and the UE respectively activate the contents of 
the Radio Bearer Setup previously stored on the RNC and in the UE.
6.2.1 Delay method on NBAP messages
Two methods are proposed: in the first method a new message is added to NBAP [10] protocol 
specification whereas in the second one, the transmission of one existing NBAP [10] message is 
postponed. Both methods are described in the following two sections.
6.2.1.1 Create a new NBAP message for CFN activation
The method consists of ignoring the activation time in the Radio Link Reconfiguration Commit, 
which is translated [1] in a CFN (Connection Frame Number) number, and waiting until the 
occurrence of another event later. In this chapter this later event consists of the reception by Node 
B of a new NBAP message called ''Activate Radio Link Reconfiguration Prepare’. This message 
does not exist in the actual NBAP standard but needs to be added in order that the proposed 
method works. It is sent by the RNC whenever it receives the last downlink signalling message of 
the call setup, which is the Connect message in the case of a voice call, as shown in Figure 6.3, or 
the Activate PDP Context Accept message in the case of a packet call.
UE NodeB RNC MSC
RRC Radio B earer S
NBAP Radio Link Reconf. P repare
RANAP R ab A ssignm ent R equest
A ctivation  tim e
re A ctiva te  tim e) < % b a s e d  o n  th e
s ta n d a rd s
RANAP R ab A ssignm ent R esp o n se
NBAP Radio Link Reconf. R eady
NBAP Radio Link Reconf. Commit (ignc
îtup (igno re  Activat&-time)
RRC Radio B earer Sc tup Com piete
RRC DL Direct Transi er (Aierting)
RANAP Direct T ransfer (Aierting)
RANAP Direct T ransfer (Connect)
RRC DL Direct T ransf
N B A P A ctiva te  R adio  Link R econf. Prep. ire {A ctivate now )
" ........... A ctiva tion  tim e
^ .................  w ith  new  m e th o dsr (Connect) {A ctivate  now)
RRC DL Direct T ransf sr (C onnect Ack.)
RANAP Direct T ransfer (C onnect Ack.)
Figure 6.3: Activation time of RRC and NBAP messages with the first NBAP method
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6.2.1.2 Postpone actual NBAP message for CFN activation
The method consists, as shown in Figure 6,4 of postponing sending the NBAP Radio Link 
Reconf. Commit message until after the second RANAP Direct Transfer message carrying the 
‘Connect’ message, is transmitted. In order to achieve that purpose, a minor modification to the 
actual NBAP standard is required. It consists of telling the Node B not to expect the NBAP Radio 
Link Reconf. Commit message immediately after sending the NBAP Radio Link Reconf. Ready 
message but to wait for that message later after 2^  ^DT (Direct Transfer) message is received by 
the RNC.
UE NodeB RNC MSC
RRC Radio Bearer S
NBAP Radio Link Reconf. Prepare
RANAP Rab Assignment Request
 ^ Activation time 
in prior art
Postpone sending m essage  
till later after 2"'* DT
RANAP Rab Assignment R esponse
NBAP Radio Link Reconf. Ready ^
NBAP-Radio L inl^econf. C om m it«^
< /  •
îtup (ignore prior art Aetivate time)
RRC Radio Bearer St tup Complete
RRC DL Direct Transi er (Alerting) ^
RANAP Direct Transfer (Alerting)
RANAP Direct Transfer (Connect)
RRC DL Direct Transf
2nd DT
NBAP Radio Link Reconf. Commit [Acth ate now)
Activation time 
.......with new method3r (Connect) {Activate now)
RRC DL Direct Transf sr (Connect Ack.)
RANAP Direct Transfer (Connect Ack.)
Figure 6.4: Activation time of RRC and NBAP messages with the second NBAP method
6.3 Application of the proposed method on an emergency call 
setup
Even though the ‘Delay o f activation Time method’ applies to any type of UMTS call, only the 
case where an A-GPS location procedure is launched during an emergency call setup is studied. 
There are two reasons for that choice. Firstly it is because in an A-GPS (Assisted-Global 
Positioning System) procedure the RRC Measurement Control messages are big in size as they 
carry satellite information. It follows that the effect of the proposed method is more evident in
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such a scenario than in any other call setup scenario. Secondly, any reduction in an emergency 
call is important.
The procedure of locating the UE during an emergency call is mandatory in some countries like 
the USA [45], while it is optional in some other countries. Once it is used a UE location procedure 
is triggered, as defined in [46]. Different UE positioning methods are defined in the standards
[47]. For very low accuracy the position of the UE could be reported as a cell identity or as the 
geographical location of Node B serving the UE (accuracy up to 3 km), whereas for high accuracy 
of between 4 and 10 meters the location of the UE is calculated by A-GPS.
6.3.1 Measurements
6.3.1.1 Emergency Call Setup Duration in Prior Articles [9,10]
An emergency call setup flow where an A-GPS location procedure is triggered is shown in Figure
6.5. In that figure, in addition to the Connection Request which is the first message of an 
originating call setup, only RRC messages that are affected by the proposed method are shown. 
The rest of the signalling messages exchanged during the call setup such as Connection Setup or 
RRC Security messages and all other protocols like NBAP and RANAP are not shown as they are 
not affected by the proposed method.
The timestamps, the size of the messages and the type of RLC mode shown in Figure 6.5 are 
taken from a protocol analyser that is inserted between Node B and the RNC as described in 
4.2.4.1 where a GPS system was connected to the equipment. These timestamps give an 
indication about the duration of an emergency call setup whenever an A-GPS procedure is 
triggered. In fact, that duration is calculated as the difference between the timestamp of the last 
message. Connect Acknowledge, and the timestamp of the first message. Connection Request, 
(13:40:51:202-13:40:24:881), and it is around 26 seconds. Most of this time, as shown in Figure
6.5, is spent at the UE side. After the UE receives the 3rd Measurement Control messages it takes 
around 16 seconds to send the location of the UE to the RNC. This is calculated by taking the 
difference between the timestamp of the Measurement Report that includes the UE location 
(13:40:45:563) and the timestamp of the last Measurement Control, the third, (13:40:29:841).
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1 3 :4 0 :2 8 :8 3 2  2"*^  M e a su re m e n t Control: satellite  info 
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(8 0  bits, A M , 4 0  m s)
Figure 6.5: Part of Emergency call setup showing size and timestamps of RRC message
6.3.1.2 Duration of the Messages Affected by the Proposed 
Method
In prior articles [1, 28] all of the messages exchanged after Radio Bearer Setup, Step 2, are sent 
on a signalling rate of DL & UL 3.4 kbps, whereas with the proposed method all these messages 
up to the latest message of the call setup are sent on a rate of DL & UL 13.6 kbps.
Based on [16], if an RRC message is sent on RLC AM then with every TTI 128 bits are sent on 
the air interface. If the message is sent on RLC UM then with every TTI 136 bits are sent on the 
air interface. In cases where 13.6 kbps is used the TTI = 10  ms, whereas it is equal to 40 ms in the 
case of 3.4 kbps.
From Figure 6.5 it can be seen that the size of the first Measurement Control is 361x8 = 2888 bits. 
This message and all of the other Measurement Control messages, including the 2nd and 3rd, are
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sent on RLC AM. It follows that in order to get the number of TTI required to send that message 
the size of the message is divided by 128 bits (361 Bytes x 8)/128 bits = 22.5, and it therefore 
follows that 23xTTI are required.
In UMTS standard call TTI = 40 ms, therefore the duration of the message is 23x40 = 920 ms.
With the proposed method, in Step 2 the size of the RRC message and the RLC mode on which 
the message is sent are not changed from a standard call. Only the value of TTI is reduced from 
40 ms to 10 ms through using a signalling rate of 13.6 kbps instead of 3.4 kbps.
As a result, with the proposed method the number of TTI is the same as in a standard call and is 
equal to 23, but the TTI is 40 ms so the duration of the message is 23x10 = 230 ms.
Similarly, the duration of the remaining messages is calculated and the results are displayed in 
Table 6.1.
Table 6.1: Duration of RRC messages during an emergency call with GPRS
Duration of RRC messages 
affected by proposed 
method
UMTS Standard call: 
3.4 kbps 
TTI= 40 ms
Activation Time Method: 
3.4 kbps 
TTI= 10 ms
Radio Bearer Setup Complete lxTTI= 40 ms lxTTI=10 ms
Measurement Control 23xTTI=920 ms 23xTTI=230 ms
Measurement Control 23xTTI=920 ms 23xTTI=230 ms
Measurement Control 8xTTI=320 ms 8xTTI=80 ms
Measurement Report 2xTTI=80 ms 2xTTI=20 ms
Alerting lxTTI=40 ms lxTTI=IO ms
Connect lxTTI=40 ms IxTTI=10 ms
Total = 2360 ms Total= 590 ms
Gain = 2360 -  590 = 1770 ms
As can be seen, the gain is 1770 ms.
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6.3.1.3 Gain of the method in case of normal call
In Figure 6.6 all RRC messages exchanged during a normal speech call are shown. It consists of 
the same call flow exchanged during an emergency call except for a few Measurement Control 
messages. This is due to the fact that in a normal speech call no Measurement Control messages 
carrying satellite information are sent to the UE.
With the proposed method the only messages that are affected are the ones in Step 2. In the case 
of a normal speech call these are Connection Setup Complete, Alerting, Connect and Connect 
Acknowledge.
Note that for any measurement event, e.g. soft handover, occurring in Step 2 then additional 
signalling messages are triggered. The objective of the following calculation is to show the 
reduction in time in comparison to a standard call when a soft handover procedure is triggered in 
Step 2.
In Figure 6.6 the signalling messages triggered during an Intra Frequency soft handover procedure 
are shown. In this scenario three additional RRC messages to the normal speech call setup are 
exchanged. These are the Measurement Report that indicates an event (lA , IB, 1C, ID), the 
Active Set Update, and its response, the Active Set Update Complete.
UE
RRC Connection Request
3 RRC 
m essages 
involved in soft 
handover ^
RNC
RRC Connection Setup
RRC Connection Setup Complete
RRC Measurement Control
RRC Initial Direct Transfer (CM service request)
RRC Measurement Report
RRC authentication and ciphering m essages
RRC UL Direct Transfer (Activate PDP Context Req.)
RRC Radio Bearer Setup (parameter “Activation time")
RRC Radio Bearer Setup Complete
RRC Measurement Report (event e.g. 1A]
RRC Active Set Update
RRC Active Set Update Complete
RRC DL Direct Transfer (Alerting)
RRC DL Direct Transfer (Connect)
RRC UL Direct Transfer (Connect Acknowledge)
} Step 0
Step 1 : rate 
DL/UL13.6 kbps
Change rate 
configuration
Step 2: rate 
DL/UL3.4kbps
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Figure 6.6: Optional soft handover procedure during UMTS speech call setup
Based on measurements made via the protocol analyser, all messages of Step 2 have a size that is 
less than 128 bits. As a consequence all these messages are carried only by one TTI, as shown in 
Table 6.2, where in the second column the duration is shown to be the same as in a standard call 
and in the third column the duration with the proposed method is shown. As the soft handover 
procedure is optional because it depends on UE radio conditions the result is split into two tables. 
The first table. Table 6.2, is always valid during any normal call and the second table. Table 6.3, 
applies only when a soft handover procedure is triggered in Step 2.
Table 6.2: Duration of RRC messages during a normal speech call
Duration of messages in 
Step2 of normal speech call
Standard call: 
3.4 kbps 
TTI= 40 ms
Activation Time Method: 
3.4 kbps 
TTI= 10 ms
Radio Bearer Setup Complete lxTTI=40 ms lxTTI=10 ms
Alerting lxTTI=40 ms lxTTI=10 ms
Connect lxTTI=40 ms lxTTI=10 ms
Total =120 ms Total= 30 ms
Gain = 120 -  30 = 90 ms
Based on results in Table 6.2, the gain is 90 ms for a normal call.
Table 6.3: Duration of soft handover procedure triggered in Step 2 of a speech call setup
Duration of messages in a 
soft handover procedure
Standard call: 
3.4 kbps 
TTI= 40 ms
Activation Time Method: 
3.4 kbps 
TTI= 10 ms
Measurement Report lxTTI=40 ms lxTTI=10 ms
Active Set Update lxTTI=40 ms lxTTI=10 ms
Active Set Update Complete lxTTI=40 ms lxTTI=10 ms
Total =120 ms Total= 30 ms
Gain = 120 -  30 = 90 ms
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Based on results in Table 6.3 there is an additional gain of 90 ms in cases where a soft handover is 
triggered in Step 2. In such a scenario the total gain in comparison to a standard call is 180 ms. 
Note that where a soft handover procedure occurs in Step 1 there is no additional gain in 
comparison to a standard call as the signalling rate is DL/UL 13.6 kbps.
6.4 Summary
In this chapter a novel method that works on accelerating the transmission speed of signalling 
messages over the air interface was introduced. As a result, the duration of an emergency call 
setup is reduced by around 2 seconds whenever an A-GPS procedure is launched to locate the 
subscriber. On the other hand, where the location of the UE is not required to be very accurate the 
duration of the emergency call setup is often smaller without A-GPS in comparison to when the 
required accuracy is high (A-GPS used). This is due to the fact that in the absence of an A-GPS 
location procedure all of these large Measurement Control messages that cause additional delay 
are not exchanged.
In addition to reducing the duration of the emergency call, another advantage of the proposed 
method is that whatever the type of UMTS call setup and whether a location procedure is used to 
locate the UE or not, the duration of some signalling messages is four times shorter than in a 
standard call. As a consequence, any procedure that occurs during the call setup, such as 
handover, is four times faster than in the case of actual standards. This is a good advantage 
whenever the subscriber that is performing a call is located in an area with bad radio conditions, 
because in such a scenario the handover procedure is required.
It should be noted that the proposed method requires very few changes in the RRC and NBAP 
protocol. On the other hand the measurements show that the big delays come from software and 
hardware processing on Node B, on the RNC, and mostly on the UE side. As a result, while 
waiting for a technology advancement that reduces the duration of these processes further the use 
of a third party network, e.g. Zigbee [48] or others, just to locate the UE while it is performing an 
emergency call on the UMTS network might be a valid solution. This is a case for future study.
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7 Conclusion and Future Work
7.1 Problem statements
In this work a novel generic storage method was described. The objective is to reduce the 
signalling load whenever there is repetitive information or tasks in any system, regardless of 
whether it is wireless or wireline. It should be noted that in the literature different methods already 
reduce the signalling load. They are presented in this work together with a description of the 
drawbacks of each o f these methods. All of them work on air interface only and whenever the UE 
is in connected mode. The main advantage of the proposed method, called DyStoM, over existing 
solutions lies in its novel synchronisation algorithm, where stored information at UE and at the 
network remain synchronised in all conditions, e.g. when it goes out of coverage, UE is switched 
off, or the operator changes a parameter at the network side etc. In addition to that the new 
algorithm works on all wireless interfaces whether it is the air interface or not, and it also works in 
all UE modes regardless of whether it is in connected or in idle mode.
7.2 Approach and significant findings
In order to prove the efficiency of the DyStoM method on different interfaces and on different 
procedures, different UMTS signalling procedures were tested. It was found that:
• When the method is applied on a UMTS air interface to the largest two messages 
exchanged during the call setup, namely the RRC Connection Setup and RRC Radio 
Bearer Setup, their durations were reduced by around 67%.
• The method is applied to the NBAP messages exchanged between Node B and RNC, 
which is a non ‘air interface’. As a result the sizes of the largest two NBAP messages. 
Radio Link Setup and Radio Link Reconfiguration Prepare, exchanged during the call 
setup are reduced by 56% and 92% respectively.
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• The method applies not only to a UMTS call setup procedure but also to other UMTS 
procedures, e.g. soft handover when there is a best cell change. Thanks to that application 
the procedure of the best cell change is accelerated, and as a result the UE works with 
new neighbours with a 195 ms advance in speed compared to UMTS standards.
• A novel method that reduces the number of signalling messages exchanged on an air 
interface during a UMTS call setup from 11 down to 3, is described. When that method is 
applied together with DyStoM, DL processing is reduced by 50%, DL & UL radio power 
consumption is reduced respectively by 67% & 79%, and duration of PS (packet switch) 
call setup is reduced by 61%.
• On the other hand, the reasons for delays in a UMTS emergency call setup are studied. 
Firstly the large delays caused by hardware and software processing are highlighted in 
this thesis. Secondly, in order to reduce signalling delays a new method ‘Delay of 
Activation Time Method’ is described. It brings a gain in the duration o f the emergency 
call setup of around 2 s (seconds) in comparison to the UMTS standard call. In addition to 
this, thanks to that method the duration of any soft handover procedure that occurs during 
a UMTS call setup, regardless of whether it is a normal or emergency call, is reduced by 
90 ms.
7.3 Future W ork
The work completed in this research can be extended to the following two areas depending on the 
status of the UE, whether it is in idle or in connected mode:
7.3.1 Scenario 1: UE in connected mode
In this thesis all applications and procedures that were studied are valid for a UE in connected 
mode. The following are some suggestions for future work:
• Between a server and a client there are two scenarios of signalling procedures. In the first 
one the procedure starts by sending a signalling message from client to server. For that 
purpose a generic storage method called DyStoM is described in this thesis. However, in 
the second scenario when the signalling procedure starts by using a signalling message 
that is sent from the server to the client, called a ‘configuration procedure’ in this thesis, 
and in case the message to reduce is that particular first message, then a new generic 
storage method should be studied. This is due to the fact that the proposed storage 
algorithm needs to know in advance the actual configuration version of any message that
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is stored on the destination node before compressing it. Keep in mind that the 
configuration version is represented by an integer called tag in this thesis.
In this thesis a new method was applied to reduce the number of signalling messages of 
R99 UMTS PS call setup down to three messages. Instead of sending the messages of a 
signalling procedure one after the other in a sequential manner, the method consists of 
sending them in parallel. The application of this method to other UMTS releases as well 
as to other signalling procedures in any system which is either wireless or wireline could 
be a subject for future studies.
• In this thesis two different methods, ‘Dynamic Storage Method’ and ‘delay of activation 
of time’, have been proposed in order to reduce the duration of the UMTS call setup. 
Even though these two methods reduce the duration of the signalling messages, the 
measurements presented in this thesis show that there are other delays that contribute to 
the total duration of the call setup. Those delays come from hardware, software and 
interfaces on all equipment involved in the call setup. Keep in mind that even though 
measurements were made only on a UMTS network, we believe that such delays exist in 
all other systems and that any reduction in that direction would bring an additional gain in 
the duration of the call setup. The reduction of such delays is out of the scope of this 
thesis, and this could be a subject for future studies.
• One advantage of the proposed generic storage method is that it has a lot of applications, 
and it was shown in chapter 4 o f this thesis how the storage method was applied to 
different UMTS procedures, e.g. call setup and handover. It was also applied on different 
types of interface such as an open interface (between two pieces of equipment with fixed 
addresses) or on a closed interface (between many pieces of equipment with variable 
addresses).
The same method would apply to all other protocols and procedures, not only in UMTS 
but also to any other wireless or wireline system. In one example, as mentioned in chapter 
4 the method could apply to ETE call setup in particular to the message 
rrcConnectionReconfiguration in order to skip sending the configuration of radio 
measurements. In another example, the method could apply to the UMTS reconfiguration
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procedure that is performed via RRC Radio Bearer Reconfiguration. It could also apply to 
RANAP messages like the RAB Assignment Request.
7.3.2 Scenario 2: UE in Idle Mode
In UMTS whenever the UE is in idle mode it listens to the broadcasted System 
Information (SI). This is divided into two parts: the MIB (Master Information Block) and 
the System Information Block (SIB).
The MIB contains general information about the cell, e.g. cell bandwidth, and the SIBs 
are divided into different SIBs named SIB I to SIBx, where x changes depending on the 
specification release number and on the system that is used. Each SIB contains 
parameters used for the same type of procedure, e.g. SIB3 contains information related to 
the cell reselection procedure etc.
There is one tag defined for all SI. It is called the ‘MIB value tag,’ which is an integer 
( I ..8), and is broadcast as part of the MIB. A MIB tag corresponds to one particular 
configuration of the MIB. On the other hand, for each SIB there is one tag or an ‘expiry 
timer’ defined. That tag is called the ‘Cell value tag’. It is an integer ( I ..4), and each value 
represents a particular configuration for that SIB, whereas the ‘expiry timer’ has one role: 
whenever it expires the SIB contents represented by that timer become invalid at the UE 
side.
When the UE camps on a cell it reads and stores all of the broadcast SI, including the 
values of the tag. Note that according to the specifications the UE stores the SI for a 
definite period of time, which is equal to 6 hours. After that period the UE considers the 
stored SI as invalid. During that 6 hour period, if the UE goes out of coverage and comes 
back to the same cell it reads the broadcasted MIB and SIB tag and compares them to the 
stored ones. If they are equal then the UE does not read any SI. Otherwise, if the MIB tag 
is different it reads the MIB information, and if any SIB tag is different it reads the 
contents of that SIB.
If the UE remains camped on a cell during that 6 hours and any parameter o f the MIB or 
SIB is changed then the corresponding tag is increased by 1 and the UE is informed about 
that change via a paging message which includes a parameter called the ‘BCCH 
modification info’.
However when the period of 6 hours expires the UE reads all of the SI again.
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It should be noted that when the UE is switched off all of the stored system information is 
considered invalid. When the UE is switched on again it reads and stores all system 
information.
Problems with the existing solution:
• Even though the UE remains on the same cell and there might not be any change 
on any SI parameters, as the stored SIBs become invalid every 6 hours the UE has to read 
it again every time the SI expires, and this consumes the UE battery and UE processing.
• Similarly, and independent of the 6 hour period, every time the UE camps on a 
new cell, even when it passes by that same cell many times, it needs to read all of the SIB.
• With actual tag definitions, confusion between stored SIB and broadcasted SIB 
might arise. For example, suppose that the UE with the ‘MIB value tag’ equal to 3 goes 
out of coverage at time tO for a long period represented by T. Also suppose that during T 
the operator has made many changes on the RNC in a way that means the new updated 
‘MIB value tag’ is again 3. Keep in mind that with each change the tag value is increased 
by 1. If  the UE returns to the same serving cell at a time tl > tO+T, there is no method in 
the literature that allows the UE to tell whether the new updated ‘MIB value tag’ equal to 
3 is the same value or not as the stored tag at time tO.
The need for and benefits of a new algorithm
A new algorithm is therefore needed in order to overcome all of the drawbacks mentioned 
above. On one hand it would allow the UE to store SI information for longer than 6 hours, 
and on the other hand it would avoid any tag confusion that might arise when the UE goes 
out of coverage for a long period.
In other words, the UE stores the SI of a cell only once and there is no need to 
periodically read the SI of that cell whenever the UE remains on that cell for a long time 
or whenever it is re-camping on that cell after a cell reselection procedure. The three main 
benefits of such an algorithm are:
• Less UE battery consumption.
Quicker camping on the best cell. In other words the UE benefits for around 1 
second when moving to a better cell in comparison to actual standards [9]. This comes 
from the fact that when the UE is camping on the new cell it does not read the SI of that 
cell, as it has already stored them previously.
Quicker CS (Circuit Speech) fallback. In fact in an ETE system the UE cannot
make a speech call rather the call request is redirected towards an underlying UMTS or
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GSM cell. Once the UE is redirected to a UMTS cell it needs to read the broadcasted SI 
on that cell before being able to perform the call in the UMTS system. By applying the 
proposed algorithm to store the contents of the SI of all cells, when the UE is redirected to 
a UMTS cell it does not need to spend that one second to read the SI rather it can use the 
stored information.
However as described in previous chapters, the DyStom algorithm is based on the 
exchange and comparison of a tag value between two pieces of equipment. In brief, one 
piece of equipment, e.g. UE, has to send the version of a stored configuration, e.g. part of 
a message X, at its side to a destination node, e.g. RNC. The destination node then 
compares the received tag value with the tag value of the same configuration stored at its 
side. If they are equal then the destination node transmits only the remaining part of the 
stored message. Otherwise it sends the whole message X; but when the UE is in idle 
mode there is no exchange of signalling from UE to the RNC or to Node B. Therefore, if 
the UE stores part of the broadcasted information there is no signalling message from the 
UE to the RNC or Node B that tells them which version of the tag is stored at the UE. As 
a consequence the RNC does not know the version of the tag at UE. That is why the 
proposed DyStoM as it is described in this thesis does not apply for the UE in idle mode, 
and as a result a new method that stores the broadcasted information dynamically at the 
UE is required.
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Appendix
UMTS Network, Protocols & Signalling 
messages
A.l Introduction
As the main applications in this thesis are related to UMTS R99 call setup messages, in this 
chapter a summary of the role of each message and a summary of the role of every interface and 
each type of equipment involved in the call setup is given.
A.2 Network architecture
In Figure A .l, a diagram of the UMTS network architecture [49] is shown.
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Figure A. 1: UMTS network architecture
It is mainly divided into two parts; Access Network and Core Network.
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A.2.1 UMTS Access
It is also called UTRAN (UMTS Terrestrial Radio Access Network). It is composed of two nodes: 
Node B and the RNC. The term access comes from the fact that the UE accesses the UMTS 
network via Node B through the air interface.
A.2.2 UMTS Core
The UMTS Core is divided into 2 parts: The CS (Circuit Switch) Core and the PS (Packet Switch) 
Core. In that way, if  the UE performs a CS call, i.e. a speech call, the signalling and user data pass 
by the CS Core via the luCS interface, otherwise if the UE performs a PS call, i.e. an internet 
connection call, then the signalling and user data pass by the PS Core via the luPS interface. Note 
that a subscriber could run a CS and a PS call simultaneously, i.e. by having an internet 
connection open and at the same time performing a speech call, but the speech call always passes 
by the CS Core and the internet connection passes by the PS Core. Keep in mind that both 
signalling and user traffic for CS and PS share the same Access nodes, which are Node B and the 
RNC.
The CS Core is composed of 2 nodes, namely the MSC (Mobile Switching Centre) and the MG- 
W (Media Gateway).
The PS Core is also composed of 2 nodes, namely the SGSN (Serving GPRS Support Node) and 
the GGSN (Gateway GPRS Support Node).
CS and PS Core parts are connected to the same RNC and to the same HLR (Home Location 
Register); however, for the external ‘world’ the CS Core is connected to the PSTN (Public 
Switched Telephone Network) whereas the PS Core is cormected to the internet backbone.
A.2.3 Origin of UMTS network
UMTS network architecture did not come from scratch. Instead it kept the same architecture of a 
previous system which is the combined GSM (Global System for Mobile Telephony)/GPRS 
(General Packet Radio Service). GSM is called 2G and GPRS is called 2.5G, whereas UMTS is 
called 3G. A diagram of a GSM/GPRS network is shown in Figure A.2.
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Figure A. 2: GSM/GPRS network architecture
Initially the GSM system was implemented. It allows only CS calls like speech calls or sending 
faxes etc. In Figure A.2, a GSM network would consist of BTS, BSC, MSC, MGW, HLR and 
PSTN. Then GPRS was introduced in order to allow a subscriber to receive an IP (Internet 
Protocol) address on its UE and connect to the internet world performing web browsing, 
downloads, emails, and voice over IP etc. In Figure A.2, the GPRS network consists of BTS, 
RNC, SGSN, HLR, GGSN and the internet network.
As can be seen from Figure A.l & A.2, the GSM/GPRS network architecture is the same as that 
used for UMTS, so where is the difference? The difference comes from the technology that is 
used on the air interface. The GSM/GPRS system uses the TDMA whereas the UMTS system 
uses the WCDMA. In the TDMA system every carrier is divided into eight timeslots. Then, as 
shown in Figure A.3, each user is allocated one timeslot in case a full duplex feature is 
implemented. Note that two users could be allocated the same timeslot in case of half duplex. 
Recently, thanks to a new feature called VAMOS (Voice services over Adaptive Multi-user 
channels on One Slot) four users could be allocated the same timeslot. In GPRS each user could 
be allocated one or more consecutive timeslots (up to 8). The maximum throughput of GPRS 
depends on the number of timeslots allocated and on how many bits are inserted in each timeslot. 
The number of bits depends on the modulation type and on the coding scheme, which consists of 
inserting redundant bits together with the original data for protection on the air interface. It should 
be noted that EDGE (Enhanced Data rate for GSM Evolution) is an evolution of GPRS. It 
increases the throughput of the subscriber. In fact, with GPRS the subscriber can achieve up to 
171.2 kbps, whereas with EDGE he can achieve up to 1.2 Mbps. EDGE uses exactly the same 
network architecture as GSM/GPRS. The difference with GPRS is that the subscriber is allocated 
a different modulation, different coding scheme, and more timeslots.
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Figure A. 3: GSM timeslots
A.2.4 Role of each piece of equipment in UMTS call setup
In Figure A.4, all of the equipment involved in a UMTS PS call setup is shown. The role of each 
node is explained below.
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Figure A. 4: UMTS packet switch call setup
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Node B; Antennas are connected to the Node B cabinet. The coverage area of a Node B depends 
on different factors, mainly on the power amplifier in the Node B cabinet and on the type, the 
number and the directions of the antennas. Usually each Node B has 3 antennas, where each 
antenna covers around 120 degrees. Node B is the first contact point of the UE with the UMTS 
network. During a call one of the main functions of Node B is to perform analogue to digital 
conversion and vice versa, e.g. it converts analogue information coming from the UE via the air 
interface to digital information forwarded to the RNC and vice versa. Note that Node B is not 
only involved during UE communication, it also broadcasts continuous information to the UE in 
idle mode. In addition to this the Node B broadcasts any paging request message for a UE under 
its coverage.
RNC; The RNC controls all Node B that are connected to it and is responsible for all radio 
resource allocations and the release of the subscribers’ calls. It is also responsible for all of the 
UE’s mobility, i.e. if the UE is moving from one Node B to another Node B, where both nodes are 
located in the same RNC or in two different RNCs.
SGSN: It is used in all procedures of UE in idle mode for the PS domain, i.e. attachment to the 
network, paging, and idle mode mobility. It is also used for UE in the connected mode where user 
traffic arriving from the RNC is forwarded to the GGSN and vice versa.
GGSN: This is the interface between the UMTS network and the Internet world. It works as a 
switch between both of them, and it is also responsible for UE IP address allocation.
MSC: This is used in all procedures of the UE in idle mode for the CS domain, i.e. attachment to 
the network, paging, and idle mode mobility. In the connected mode it is used to allocate a data 
channel for each user on the MG-W and for inter RNC handovers.
MG-W: it is only used for user circuit switch data traffic. It connects a traffic channel of one user 
to the traffic data channel of another user.
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A.3 Protocols that are used on the interfaces
Before explaining the role of eaeh message, a brief description about the protocols used on the air 
interfaces, as shown in Figure A.5, is described.
Control Plane User Plane
Non A c c e s s  
Stratum (NAS)
Layer 3
A c c e s s
Stratum
Layer 2
Layerl
AMR
BMCPDCP
NAS messages
RRC (Radio Resource Control)
L I (Physical layer)
RLC (Radio Link Control)
MAC (Medium Access Control)
Figure A. 5: Protocols at UE
NAS (Non Access Stratum) messages are exchanged directly between the UE and the Core 
Network. In other words they pass transparently by the RNC. In cases of PS they are exchanged 
between the UE and SGSN, and in a CS call they are exchanged between the UE and MSC. As 
the RNC is located between the UE and Core network every NAS message is carried via an RRC 
(Radio Resource Control) message from the UE to RNC, then it is carried via a RANAP (Radio 
Access Network Application Protocol) message from the RNC to the Core network. Eaeh RRC 
message that carries a NAS message is called a Direct Transfer (DT) message. If the message is in 
an uplink (UL) direction, i.e. Activate PDP Context Request, it is called UL DT and if it is in DL, 
i.e. Activate PDP Context Accept, it is called DL DT. One exception is the RRC Initial DT that 
carries the CM (Connection Management) Service Request. It is called initial because it is the first 
NAS message that is exchanged during the call setup.
R R C  protocol is used for all communication between the UE and RNC. It is mainly used to 
allocate and release user signalling and traffic channels. It is also used for mobility, as the UE 
sends its measurement of received radio conditions via one RRC message and receives a handover 
command via another RRC message.
PDCP (Packet Data Convergence Protocol) [50] is part of the user plane part and is mainly used 
for IP packet header compression in addition to it being an adaptation layer between the IP and 
the RLC protocol.
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RLC (Radio Link Control) is located in two places of the network, namely the UE and the RNC, 
and it has two major roles in UMTS. Firstly it is used for segmentation and reassembly, and 
secondly it is used for retransmission. As shown in Figure A.6, this applies for all types of user 
information whether it is in the control plane or the user plane, but in this thesis only the control 
plane is studied as the storage method is only applied to signalling procedures.
Segmentation & reassembly: At the transmitter side all types of information that reach the RLC 
layer are divided into blocks of different sizes. This process is called RLC segmentation. At the 
receiver side on the peer equipment the RLC entity re-assembles all the arriving RLC blocks and 
passes them to the upper layer. This process is called RLC reassembly.
When the information is signalling, e.g. RRC messages, the size of the RLC block is fixed and 
either 128 bits in the case of RLC Acknowledged mode (AM), as shown in Figure A.6, or 136 bits 
in the case of RLC Un-Acknowledged mode (UM). However, in case the information is user data 
traffic there are three different types of RLC block size. Either it is fixed with a size of 320 bits or 
fixed with 640 bits or the RLC block is of variable size. The latest type was introduced in order to 
reduce the RLC header size, and as a consequence to increase user data throughput.
RRC layer
RLC layer
RLC header 128 bits of RRC message RLC header
128 128 104
RRC message contents 1000 bits
RRC message RLC payload
Figure A. 6: RLC segmentation
Retransmission: There are three types of RLC mode. The first type is called the RLC AM, where 
on top of the RLC information block an RLC header that mainly contains a sequence number is 
added. This mode is used for reliable connections. In this mode every RLC block has a 
consecutive sequence number, then at the far end whenever a sequence number is missing the 
receiving entity sends a report to the transmitter in order to retransmit the missing RLC block. 
The second mode is RLC UM. In that mode, on top of the RLC information block an RLC header 
that contains a sequence number is added. Even though there is a consecutive sequence number 
for every transmitted RLC packet there is no retransmission in this mode. RLC packets that are 
corrupted or lost will not be retransmitted by the transmitter. The missing sequence number could 
be used for a number of things, for example to measure the number of RLC block failures. The 
third type of RLC mode is the transparent mode. In that mode the RLC information block is sent
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without any additional header. Obviously this mode is not used for retransmission as the RLC 
blocks have no sequence numbers. This mode is used for calls that do not accept delays like 
streaming or speech calls.
MAC (Medium Access Control) layer [51] is located below the RLC layer. In UMTS, all user 
information that is transmitted on the air interface is sent according to a predefined configuration 
throughput regardless of whether it is signalling or user data. In other words, for every type of 
signalling or data configuration and every period of time called TTI a predefined block of bits is 
sent on the air interface. It is the MAC layer that selects the value of that TTI and the number of 
blocks to be sent. In addition to this the MAC layer is used as a scheduler. For example, deciding 
which user to transmit first and how much throughput should be sent to each user is decided by 
the scheduler based on different input like the radio conditions or priority of the users or any other 
vendor specific algorithm.
In addition to UE protocols, other UMTS protocols were mentioned in different chapters of this 
thesis. Mainly these are NBAP (Node B Application Part), RANAP (Radio Access Network 
Application Protocol), GTP-U (GPRS Tunnelling Protocol for User plane) & GTP-C (GPRS 
Tunnelling Protocol for Control plane) and they are described in the following paragraphs.
NBAP is a signalling protocol that is used between Node B and RNC, where this interface is 
called lub. NBAP is mainly used by the RNC to configure Node B with a signalling and data 
channel for every call. It is also used by Node B to transfer some Node B measurements to the 
RNC, i.e. a UL interference which could be used as one input to the RNC resource allocation 
algorithm.
RANAP is a signalling protocol that is used between the RNC and the Core network. That 
interface is called the lu interface. During a call setup it is mainly used to allocate a data channel 
on the lu interface and to transfer all NAS messages. There are obviously a few other 
applications. For example, it is used for all enquiries coming from the Core network, i.e. for 
paging through the ‘RANAP Paging’ message or for location services via the ‘RANAP Location 
Control’ message. It is also used to carry overload information from the RNC to Core Network 
and vice versa.
GTP-U is used on the luPS interface between RNC and SGSN and on the Gn interface between 
SGSN and GGSN. Its role is to differentiate user traffic between two pieces of equipment where 
the source and destination IP addresses are the same for all users. On such interfaces each user is 
allocated one GTP-U Tunnel Endpoint Identifier (TEID) in the UL direction and another one in 
the DL direction.
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GTP-C is used to allocate and release GTP-U TEID on the Gn interface, whereas the GTP-U 
TEID allocation and release on the luPS interface is performed via the RANAP protocol. In fact, 
the RANAP ‘RAB Assignment Request’ is used to allocate a UL TEID and the RANAP ‘RAB 
Assignment Response’ is used for DL TEID.
A.4 Role of each message in UMTS call setup
The main role of each message of the UMTS call setup is described below. This is divided into 
different steps, where the corresponding signalling channels are indicated in each step and 
whether they are common to a PS and a CS call or different for PS and CS.
Step 1 (RNC allocating a dedicated signalling channel for the UE) common to the PS and CS
RRC Connection Request: Whether the subscriber originates or terminates a call the first 
message the UE sends is the RRC Connection Request. This message mainly contains the type of 
the call i.e. an emergency call, a speech call or a PS call. Note that at this stage the UE does not 
have a dedicated channel, and the Connection Request message is sent over RACH channel.
RRC Connection Setup: When the RNC receives the Connection Request message it checks 
whether it has resources or not, i.e. enough power in the cell, free channelization codes, and 
hardware limitations etc. If all is OK, first it configures Node B with a dedicated signalling 
channel to be used by the UE. This is done via the NBAP Radio Link Setup. Then, whenever the 
RNC receives the NBAP Radio Link Setup Response from Node B it then configures the UE 
with the same signalling channel configuration via the RRC Connection Setup. This message is 
sent on a common channel ealled EACH as there is not yet a dedicated signalling channel for the 
user. From this step onwards all signalling information exchanged between the UE and RNC is 
sent on the newly configured dedicated channel.
The UE replies with RRC Connection Setup Complete. This message informs the RNC about 
the successful receipt of the Connection Setup and carries information about the UE capability 
such as measurement capabilities (can do GSM measurements or not, etc), or UE positioning 
capabilities (support or not network assisted GPS (Global Positioning System, etc...).
Step 2 (first connection to the core) common to PS and CS
After having a signalling channel on the air interface the UE sends its request to the Core network 
via the RRC Initial Direct Transfer which contains a NAS message called the CM Service 
Request in order to inform the Core about the type of service that is requested.
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When the RNC receives the Initial DT it establishes a signalling connection with the Core 
network. This is performed with two messages, namely the SCCP (Signalling Connection Control 
Part) Connection Request and the SCCP Connection Confirm messages. The main role of this 
SCCP connection is to differentiate all of the users making calls on the same RANAP link e.g. by 
ensuring that every call has a different SCCP identity.
Step 3 (authentication and ciphering) common to PS and CS
After the SCCP connection, the Core network initiates the Authentication procedure which has a 
role to verify whether the SIM card of the subscriber belongs to the network. This is done as 
follows: a key is generated by the Core, in particular by the VLR (Visitor Location Register) 
which gets its information from the HLR (Home Location Register), and is sent to the UE. The 
authentication messages are not shown in Figure A.4, as this procedure is optional. For reference, 
authentication information is sent from the Core (whether SGSN or MSC) to the RNC via a 
RANAP Authentication Request message and then the RNC forwards the contents of the RANAP 
message to the UE via the RRC Authentication Request. Both the Core and the UE take the info 
in the authentication message as an input into their algorithms and calculate an output. The UE 
sends its output to the Core via an RRC Authentication Response which is then passed to the Core 
via a RANAP Authentication Response. At the Core side a simple check is performed: if  this 
output is the same then the authentication procedure is successful, otherwise the authentication 
procedure fails and the call setup is terminated at this stage.
After the authentication procedure a ciphering procedure is triggered by the Core network that 
sends a RANAP Ciphering Request message to the RNC which contains a ciphering key. For a 
PS it is the SGSN that sends the RANAP message, and for a CS it is the MSC. The RNC in its 
turn passes this ciphering key along with other information to the UE via the RRC Security 
Mode Command and the UE replies with RRC Security Mode Complete. There is one 
ciphering algorithm on the RNC and another one on the UE. From this stage onwards the user 
data traffic exchanged on the air interface is protected thanks to the ciphering algorithm.
Step 4 call characteristic request (different messages for PS and CS)
In case of a PS call:
The UE sends a NAS message that carries the Activate PDP Context Request. This message 
contains the QOS (Quality of Service) of the requested call. The term QOS means a few different 
parameters, i.e. the maximum requested throughput, the guaranteed throughput, the permitted 
delay and other parameters.
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In case of a CS call:
The UE sends a NAS message CC Setup which contains the subscriber called number.
Step 5 allocating a data channel at lub and In (common to PS and CS)
In cases of both PS and CS the Core network replies with the RANAP RAB Assignment 
Request that contains the QOS agreed by the network. For example the UE could request 1 Mbps 
or more throughput; however, in the SIM card subscription at the HER the user might have only 
paid for a maximum throughput of 384 kbps, and in that case the QOS agreed by the network 
includes 384 kbps as the maximum throughput and not the requested 1 Mbps.
When a RAB Assignment Request is received by the RNC it selects a predefined UMTS radio 
configuration from one of its internal tables that matches the agreed QOS. This selection is based 
on a vendor specific algorithm which takes into consideration the UE radio conditions and the 
load on the RNC. Note that in addition to the QOS agreed by the Core, the RAB Assignment 
Request carries the UL GTP-U tunnel identity for that call to be used on the luPS interface. The 
DL GTP-U tunnel identity is sent to the Core via the RANAP RAB Assignment Response.
The selected output configuration, which in reality is the configuration of the data channel, is then 
sent first to Node B via the NBAP Radio Link Reconfiguration Prepare and then to the UE via 
the RRC Radio Bearer Setup message. If the configuration is successful at Node B and at the 
UE the RNC should receive responses from both the NBAP Radio Link Reconfiguration Ready 
from Node B and the RRC Radio Bearer Setup Complete from the UE respectively. Once the 
RNC receives this latest message it sends the RAB Assignment Response message to the Core 
network. Note that the data channel configuration transferred in the Radio Link Reconfiguration 
Prepare is not activated at the reception of the message but at a specific time indicated by NBAP 
Radio Link Reconfiguration Commit. At this stage the data channel is configured on the air 
interface via the RRC messages, on the lub link via the NBAP messages, and on the luPS (in case 
of PS) or luCS (in case of a CS) via the RANAP message.
Step 6 allocating a data channel at the Gn interface (different messages for PS and CS)
For PS:
A data channel on the Gn interface that is between the SGSN and the GGSN still needs to be 
established. On that interface it is the GTP-C protocol that allocates and releases the data
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channels. This is done via two messages, namely the GTP-C Create PDP Context Request and 
the Create PDP Context Response. After these two messages are sent a data channel is allocated 
on all interfaces, but it is still missing the UE IP address allocation which is described in Step 7 
next.
For a CS over IP, the MSC sends the IP address of MGW to the RNC via RANAP RAB 
Assignment Request. In its turn the RNC sends its IP address back to the MGW via an lu UP 
(User Plane) [52] protocol message known as INITIALISATION, and the MGW replies to this 
message with INITIALISATION ACK. With the RNC and MGW knowing the IP address of each 
other, data can be communicated between both sets of equipment.
Step 7: End to end connection (different messages for PS and CS)
For PS: Allocating an IP address to the UE
It is the GGSN that is responsible for this IP address allocation. The IP is then sent to the SGSN 
via the Create PDP Context Response, then the SGSN passes this IP to the RNC via a RANAP 
Activate PDP Context Accept which is carried by a RANAP DL Direct Transfer, and finally the 
RNC passes the Activate PDP Context Accept to the UE via an RRC message that is called the 
RRC DL Direct Transfer.
For CS: Connecting one UE to another UE or to a landline
After receiving the RANAP RAB Assignment Response, the MSC forwards a NAS Alerting 
message to the originating UE once the destination number has been contacted. Once the call is 
answered at destination the Core network sends a NAS Connect message. The originating UE 
then replies with the NAS message Connect Acknowledge. At this stage a CS call, i.e. a speech 
call, is established.
Remark: in Figure A.7, a speech call is shown.
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